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ABSTRACT

Acoustic feedback is capable of driving an electroacoustic ampli-
fication system unstable. Inserting a frequency shifter into the
feedback loop can increase the maximum stable gain before in-
stability. In this paper, we explain how frequency shifting can
effectively smooth out the feedback loop magnitude response and
how this relates to the system stability. Then we describe meas-
urements on real acoustic systems that we employ to study the
practical performance. Although useful for stabilizing systems in
reverberant environments, reasonably small amounts of fre-
quency shifting do not provide a significant benefit for hearing
aids. It can be helpful to employ a microphone with a focused
directivity pattern, and we describe how the directivity pattern
may affect the efficacy of frequency shifting.

1. INTRODUCTION

1.1. Motivation

The reader is probably familiar with a situation when someone
placed a microphone too closely to a loudspeaker, causing the
amplification system to begin “howling” unpleasantly. Figure 1
illustrates the signal flow for acoustic feedback. A person sings
into a microphone, which sends an electrical signal to a controller
with z-domain transfer function K(z), which drives a loudspeaker
accordingly. When the volume is increased, |K(z)| is increased.
G(z) represents the acoustic feedback path from the loudspeaker
back to the microphone. For convenience, we lump the micro-
phone and loudspeaker transducer dynamic responses into G(z).

Figure 1: Person singing into a microphone, whose sig-
nal is processed by an amplifier with transfer function
K(z) and fed to a loudspeaker; acoustic path from loud-
speaker to microphone represented by G(z)

1.2. Linear Time-Invariant System Stability Criterion

Let the open-loop transfer function L(z)=K(z)G(z). Then, if L(z)
is open-loop stable, then the feedback system is stable if [1]

L(z)| <1 (1)
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for all z, such that |zy|=1 and

£L(z,)=180° + n360°. (2)
Hence, a sufficient condition for the stability is for |L(z)| to be
less than unity at all frequencies.

1.3. Time-Varying Block For Frequency Mapping

One way to skirt the linear time-invariant system stability crite-
rion is to make the system time-varying. A simple way to do so is
to insert a time-varying block into the amplification block, as
shown in Figure 2.
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Figure 2: Configuration in which the amplification block
incorporates a time-varying block as well as filter K(z)

1.4. Frequency Shifting Example For Time-Varying Block

We now introduce an example to demonstrate how the time-
varying block can stabilize the system. Let us assume for now
that the time-varying block implements a frequency shifter that
shifts any input sinusoid up in frequency by Af Hz. We assume
also that it can do the same for any sum of sinusoids. The left-
hand column of Figure 3 shows |L(f)|, LI, |IL(HI, and [L(H)|*
from top to bottom, respectively. Consider an input sinusoid at a
given  frequency f in the worst case  where
LL(Z)‘,_E-M//S =180° + n360° for some n and where fs is the

sampling rate in Hz. As the sinusoid travels around the loop, its
magnitude is scaled each time by |L(f)|. If |L(f)| is greater than
0dB, for instance in this case for f=5.4kHz, then the sinusoid will
increase in magnitude each trip around the loop (see Figure 3,
left), destabilizing the system.

The right-hand column of Figure 3 shows |L(f)|, |L{)|-|L(f+Af)|,
ILD||L(+AD|-|L(f+240), and
LD | LGFAD| | L(fF+241)|+|L(f+34f)| from top to bottom, respec-
tively. With each trip around the loop, a sinusoid with frequency
f'is shifted upward by 4f, in this case 12Hz. |L(f)| contains many
notches and peaks because G(z) is reverberant, so frequency
shifting has the effect of smoothing out the peaks and notches,
allowing the energy to decay. Hence, frequency shifting stabi-
lizes the system in this example, as indicated by the fact that the
magnitude response in the lower right-hand corner is less than
0dB at all frequencies (see Figure 3). Note that because the mag-
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nitude criterion analogous to (1) is satisfied, the system is stable
no matter what the phase response is.
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Figure 3: Change in magnitude of an input sinusoid at
frequency f as it travels around the loop

1.5. Analysis

We now analyze the more general case where the time-varying
block implements any arbitrary frequency mapping F(f), and we
assume that there is a low-pass filter in the feedback loop pre-
venting aliasing. The sufficient condition for stability becomes
more complicated:
. 20 (f) fs N . j27F () fsy. . i2FN (f)1 fs

lim L(e ™™ 7) - Le>™ ) - L(e™ ) =0, (3)
where F"(f) denotes the function F(f) composed with itself N
times. In other words, the time-varying block can smooth out the
frequency response employed by the stability criterion. However,
the energy has to go somewhere—the time-varying block does
not eliminate it. For this reason, the time-varying block will not
provide any practical benefit for a system with a flat open-loop
magnitude response |L(f)|.

The time-varying block could be an m-semitone pitch shifter (PS)
implementing the frequency mapping
Fo(f)=f-2"", )
resulting in the stability criterion
lim L(ej2!!7"2””'2/fs). L(eﬂﬂf-f’" '2/fs). L(e/w-z“'”””/fs y=0- 5
N —x

However, pitch shifting does not provide adequate shifting at low
frequencies, effectively limiting the performance of the howling
suppression [2]. In contrast, a frequency shifter (FS) with fre-
quency mapping

Fps(f)=f +Af (6)

induces a constant frequency shift across the audio band. For fre-
quency shifting, the stability criterion is

lim L(eﬂﬂ(f +AN)/ fs ) L(e/2ﬂ(f'+NAf)/fﬁx )=0. @)
N —x

Other frequency mappings are of course possible and lead to
other stability criteria. Other time-varying elements, such as de-

lay modulation and phase modulation, can also increase the
maximum stable gain. However, these techniques lead to fre-
quency mappings that do not push the energy in the system
monotonically away from the singer’s input frequency compo-
nents [3]. As a consequence, some of the energy can be mapped
back onto the original frequency components, causing signal dis-
tortion without directly leading to an increase in stable gain.

1.6. Other Methods For Inhibiting Howling

Several other methods can be employed to inhibit howling; how-
ever, they either require a priori knowledge about G(z), much
more computational power, arrays of transducers [4], or they re-
quire unusual transducers [5]. Nevertheless, frequency shifting is
the simplest known approach, so we focus on it in this paper.
Frequency shifting can be implemented with a two-step modula-
tion approach [6], approximate Hilbert transformers [2], or a
phase-vocoder [7], which allows for more complex frequency

mappings F(f).

To facilitate further study of the performance of frequency shift-
ing, we employ a model that simulates the signal flow diagram
shown in Figure 2. In Section 2, we describe the measurements
we made for calibrating the model to real acoustic environments.
In Section 3 we describe the simulation results, and finally in
Section 4 we provide links to sound examples to help the reader
gain more intuition into the perceptual artifacts caused by fre-
quency shifting for public address system stabilization.

2. MEASUREMENTS
2.1. Room

Consider an application where a vocalist sings into a micro-
phone, and a loudspeaker “monitor” sends an amplified acoustic
wave back at the singer so that he or she can hear himself or her-
self. There is a serious danger of acoustic howling setting in be-
cause the microphone can also pick up the signal from the moni-
tor. In response, microphone manufacturers have produced mi-
crophones with directional directivity patterns. For instance, an
ideal cardiod microphone has a null in the directivity pattern that
can be aimed at a monitor. In an anechoic chamber and in the
absence of reflections off of other objects, the acoustic feedback
from the monitor could be completely suppressed. However, in
real configurations, room reflections will cause some feedback
signal to be transduced by the microphone. We decided to make
some measurements to help us quantify this effect. We employed
the Sennheiser MKH 800 Twin microphone because its directiv-
ity pattern is adjustable. The two microphone signals correspond
to cardiod directivity patterns pointing in opposite directions: one
toward the front of the microphone and one toward the back.

We placed a monitor loudspeaker on a table, and measured the
acoustic feedback transfer functions with the microphone placed
at the 18 positions shown in Figure 4. Positions 1 though 8 were
on axis with the loudspeaker (see the loudspeaker encircled in
white in Figure 4). At each position, we measured the transfer
function with the

« cardiod directivity pattern facing toward the monitor,

« cardiod directivity pattern facing away from the monitor,

« and an omnidirectional pattern, calculated by summing the

transfer functions for the two cardiod patterns [8].

DAFX-2



Proc. of the 13™ Int. Conference on Digital Audio Effects (DAFx-10), Graz, Austria, September 6-10, 2010

3

Figure 4: Microphone positions for measuring feedback
transfer functions in a typical room

The cardiod directivity pattern pointing away from the loud-
speaker successfully decreased the level of the feedback transfer
function, especially at low frequencies. In order to produce a
viewable figure, it was necessary to greatly smooth out the feed-
back transfer functions, which averaged out the peaks and
notches due to room reverberation. (Refer to Figure 3, top as a
reminder of what these sort of feedback transfer functions look
like without smoothing.) Figure 5 shows the significantly
smoothed feedback transfer function magnitudes for the three
directivities as measured at position 5 as pictured in Figure 4.
Beneath 6kHz, the cardiod directivity pattern aiming away from
the loudspeaker decreased the average level of the feedback
transfer function by the order of 10dB plus or minus about 5dB
(see the thick, solid line in Figure 5). In contrast, the cardiod di-
rectivity pattern aiming at the loudspeaker was responsible for
higher levels (see the dash-dotted line in Figure 5). Similarly, the
thin, solid line in Figure 5 indicates that the omnidirectional re-
sponse level was similar to the cardiod directivity pattern aiming
at the loudspeaker. This was because the omnidirectional re-
sponse was the complex sum of the two directivity patterns [8].

These measurements explain why it is desirable to employ a
directional microphone for suppressing acoustic feedback, al-
though for a cardiod directivity pattern, the increase in maximum
stable gain will only be 5dB to 10dB in typical applications if the
loudspeaker is placed in the null of the cardiod pattern. If the
loudspeaker is not directly placed in the null, the increase in
maximum stable gain will be even less in typical applications.
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Cardiod Away
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Figure 5: Smoothed feedback transfer function magni-
tudes |L(f)| for real room measurements

2.2. Hearing Aids

As far as we know, no prior papers in the literature studied the
application of frequency shifting to stabilizing hearing aids, so
we decided to include hearing aid feedback transfer functions in
our simulations. We obtained 192 of these transfer functions
from Johan Hellgren, who extensively studied how they change
as a function of jaw movements, variations in the acoustics out-
side the ear, and variations in the hearing aid vent size [9]. We
plot some example measured feedback transfer function magni-
tudes in Figure 6 for the Oticon Personic 425 behind-the-ear
hearing aid. The magnitude depended on many factors, such as
whether or not the hearing aid wearer was biting down, wearing a
knitted cap that extended over the ears, or whether he or she was
hugging someone. Because the microphone and loudspeaker of
the hearing aid were so closely spaced, the hearing aid acoustic
feedback transfer functions contained little influence from rever-
beration, which explains why in contrast with Figure 3, the feed-
back magnitude responses shown in see Figure 6 were not jag-
ged.
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Figure 6: Feedback magnitude responses for Oticon Per-
sonic 425 behind-the-ear hearing aid

3. SIMULATIONS
3.1. Results

Using the measurements, we carried out a series of simulations in
order to study the effect of the frequency shifting parameter Af on
the increase in maximum stable gain of the system described in
Figure 2. The simulations employed a white noise excitation
source and gradually increased the loop gain K(z)=K until the
envelope of the loudspeaker signal exceeded the envelope of the
noise excitation signal by a factor of 4, approximately indicating
the maximum stable gain. Figure 7 shows the increase in the
maximum stable gain for the simulations, as computed by sub-
tracting the difference between the maximum stable gain for fre-
quency shifting of Af'Hz and frequency shifting of 0 Hz.
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Figure 7: Increase in maximum stable gain shown as a
function of the frequency shift amount Af
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Figure 8: Increase in maximum stable gain shown as a
function of the frequency shift amount Af

3.2. Conclusions

3.2.1. Larger Af Means Larger Increase In Maximum Stable
Gain On Average

Choosing Af larger increases the amount of smoothing of the
feedback transfer function. Although it is possible to find an ex-
ample where increasing Af causes the maximum stable gain to
decrease (not shown); this usually is not the case. As indicated by
Figure 7 and Figure 8 for all of the simulated environments,
choosing Af larger made the average increase in the maximum
stable gain larger. One standard deviation variation in the in-
crease in the maximum stable gain is indicated using error bars
(see Figure 7 and Figure 8).

3.2.2. Frequency Shifting Less Effective For Hearing Aids

As indicated by the dash-dotted plot in Figure 7, frequency shift-
ing did not provide a significant improvement for small values of
Af. While it did provide up to 2dB of average increase in maxi-
mum stable gain, this was only for values of Af on the order of
30Hz, and above. This reason for this was that the hearing aid
feedback transfer functions contained little reverberation (com-
pare the jaggedness of the magnitude responses shown in Figure
6, top with those in Figure 3), so much more significant fre-
quency shifting was required to provide for significant stabiliza-
tion effects. However, our informal listening indicated that the
perceptual artifacts from such large frequency shifts outweighed
the increase in maximum stable gain for most applications. Pre-
sumably this is the reason why the prior scientific literature does
not provide any indication that frequency shifting is useful for
stabilizing acoustic feedback in hearing aids.

3.2.3. Effect of Directivity Pattern

As indicated in Section 2.1, employing a microphone with a fo-
cused directivity pattern, such as a cardiod pattern aimed away
from the loudspeaker, can help reduce the magnitude of the feed-
back transfer function, effectively increasing the maximum stable
gain. Changing the directivity pattern also affects the increase in
maximum stable gain due to frequency shifting. The cardiod pat-
tern aimed away from the loudspeaker allowed larger average
increases in maximum stable gain with lower variation (see the
solid line in Figure 7) than the other two patterns as shown in
Figure 8. This is a consequence of the increased diffuseness of
the reverberation when the loudspeaker is placed in the null of
the “cardiod away” pattern.

4. SOUND EXAMPLES

Members of the DAFx community are likely aware of the per-
ceptual impacts of many effects, including pitch shifting; how-
ever, the effect of frequency shifting is more esoteric. As a con-
sequence, we provide sample sounds of speech being frequency

shifted by different amounts at the website:
http://ccrma.stanford.edu/~eberdahl/Projects/FreqgShift

5. FINAL WORDS

We have provided sound examples and simulation data to
help convey to the reader why frequency shifting is effective, and
in what instances it may be useful. Inserting a frequency shifter
into the feedback loop of an amplification system can signifi-
cantly increase the maximum stable gain, but only if the acoustic
feedback path is significantly reverberant. Otherwise, such large
frequency shifting values Af are required for significant increase
in the maximum stable gain that the loudspeaker signal contains
excessive artifacts. We believe that this is why hearing aid manu-
facturers do not report employing frequency shifting for acoustic
feedback stabilization. We look forward to future work in evalu-
ating the perceptual tradeoffs between increasing the degree of
the impact of the time-varying block and the subjective sound of
the loudspeaker signal.

6. REFERENCES

[1] J. Hahn, T. Edison, and T. Edgar, “A note on stability analy-
sis using bode plots,” Chemical Engineering Education, vol.
35, no. 3, pp. 208-211, 2001.

[2] M. Poletti, “The stability of multichannel sound systems
with frequency shifting,” J. Acoust. Soc. Am., vol. 116, no.
2, pp. 853-871, Aug. 2004.

[3] J. Nielsen and U. Svensson, “Performance of some linear
time-varying systems in control of acoustic feedback,” J.
Acoust. Soc. Am., vol. 106, no. 1, pp. 240-254, July 1999.

[4] T. Waterschoot and M. Moonen, “50 years of acoustic feed-
back control: state of the art and future challenges,” submit-
ted to the Proc. IEEE, Feb. 2009, Available at
ftp:/ftp.esat.kuleuven.ac.be/pub/SISTA/vanwaterschoot/abs
tracts/08-13.html, Accessed March 4, 2010.

[5] E. Berdahl, D. Harris, G. Niemeyer, and J. Smith III, “An
electroacoustic sound transmission system that is stable in
any (dissipative) acoustic environment: An application of
sound portholes,” Proc. NOISE-CON, Baltimore, MD,
USA, April 19-21, 2010.

[6] A. Prestigiacomo and D. MacLean, “A Frequency Shifter
for Improving Acoustic Feedback Stability,” Proc. 13®
Convention of the Audio Engineering Society, New York,
NY, Preprint #192, October, 1961.

[7] J. Laroche and M. Dolson, “New Phase-Vocoder Tech-
niques for Pitch-Shifting, Harmonizing, and Other Exotic
Effects,” Proc. IEEE Workshop on Applications of Signal
Processing to Audio and Acoustics, New Paltz, New York,
NY, USA, pp. 91-94, Oct. 17-20, 1999.

[8] L. Beranek, Acoustics, Acoustical Society of America,
Woodbury, NY, USA, 1993.

[9] J. Hellgren, T. Lunner, and S. Arlinger. “Variations in the
feedback of hearing aids,” J. Acoust. Soc. Am, vol. 106, no.
5, pp- 2821-2833, Nov. 1999.

DAFX-4



