
34 | svconline.com JULY 2006

FEEDBACK AND SUPPRESSORS

and valleys in the magnitude re-
sponse. In frequency shifting, all 
frequencies of a signal are shift-
ed up or down by some number 
of hertz. The basic idea behind 
a frequency shifter is that as 
feedback gets generated in one 
area of the response it eventually 
gets attenuated by another area. 
The frequency shifter continues 
to move the generated feedback 
frequency along the transfer func-
tion until it reaches a section 
that effectively attenuates the 
feedback. The effectiveness of 
the shifter depends in part on the 
system transfer function. 

It’s worth pointing out that this is not 
a “musical transformation,” as the ratio 
between the signal’s harmonics is not pre-
served by the frequency shift. A person’s 
voice will begin to sound mechanical as 
the amount of the shift increases. While 
“audible distortion” depends on the ex-
perience of the listener, most agree that 
the frequency shift needs to be less than 
12Hz.

How much added gain before feed-
back can be reasonably expected? The 
short answer is only a couple of decibels. 
Eberhard Hänsler and Gerhard Schmidt 
(in their book, Acoustic Echo and Noise 
Control, published by John Wiley & Sons  
in 2004, pages 144-146) review some 
research results that indicate that actual 
increase in gain achieved depends on the 
reverberation time, as well as the size of 
the frequency shift.

Using frequency shifts in the 6Hz to 
12Hz range, a lecture hall with minimal 
reverberation benefited by slightly less 
than 2dB. An echoic chamber with rever-
beration time of greater than one second 
could benefit by nearly 6dB, by the same 
frequency shift.

Digital signal processing allows  
frequency-shifting techniques in a large 
variety of applications. When used in 
conjunction with other methods, such as 
the adaptive filter modeling previously 
mentioned, it can provide an even greater 
benefit. However, the artifacts due to the 
frequency shifting are prohibitive in areas 
where a pure signal is desired. Musicians 
are more sensitive to frequency shifts, so 
think twice before placing a shifter in their 
monitor loudspeaker path.

AUTOMATIC NOTCHING
Automatic notch filters have been used to 
control feedback since at least the 1970s 

(see Comprehensive Feedback Elimination 
System Employing Notch Filter, Roland-
Borg, 1978, U.S. Patent #4,088,835). 
Digital signal processing allows more flex-
ibility in terms of frequency detection, as 
well as frequency discrimination and the 
method of deploying notches.

Auto-notching is found more frequently 
among pro-audio users than the other 
methods because it is easier to manage 
distortion. When considering automatic 
notching algorithms, there are three 
areas of focus—frequency identification, 
feedback discrimination, and notch de-
ployment.

FREQUENCY IDENTIFICATION
Frequency identification typically is ac-
complished by using either a version of 
the Fourier transform or an adaptive notch 
filter. Both methods of detection allow the 
accurate identification of potential feed-
back frequencies.

While the Fourier transform is naturally 
geared toward frequency detection, the 
adaptive notch filter can also determine 
frequency by analyzing the co-efficient 
values of the adaptive filter. However, 
detection of lower frequencies (less than 
100Hz) are problematic for both algo-
rithms. Fourier analysis requires a longer 
analysis window to accurately determine 
lower frequencies, and the adaptive notch 
filter requires greater precision.

FEEDBACK DISCRIMINATION
There are two main methods used in dis-
criminating feedback from other sounds. 
The first method focuses on the relative 
strength of harmonics. The idea is that 
while music and speech are rich in har-
monics, feedback is not.

Note that either of the frequency detec-
tion methods (Fourier transform or adap-

tive notch filter) could be used to 
determine the relative strength 
of harmonics. It’s easier to think 
in terms of harmonics if you are 
using a Fourier transform, but 
just as frequency can be deter-
mined by analyzing co-efficients, 
so too can analyzing the relation-
ships between sets of co-effi-
cients identify harmonics.

There are drawbacks to using 
harmonics as a means of identi-
fying feedback. First, feedback 
is propagated through trans-
ducers, and transducers have 
nonlinear qualities. This means 
that feedback, especially when 

clipped, will have harmonics.
Also, feedback does not always occur 

one frequency at a time. If you remem-
ber the discussion on the properties of 
feedback, there is potential for a feed-
back frequency anywhere the phase of 
the loudspeaker-to-microphone-transfer 
function is zero degrees. For a system 
with 25ms of delay (roughly 25ft.), this 
occurs every 40Hz, and the zero-degree 
frequency locations get closer together 
as the delay increases. It’s not possible 
to ensure that simultaneous feedback 
frequencies will never be harmonically 
related. The potential for feedback with 
harmonics needs to be balanced against 
the fact that some non-feedback sounds 
(tonal instruments, such as a flute) have 
weak harmonics, blurring the area of ac-
curate discrimination.

Another method for discriminating 
feedback from desirable sound is to ana-
lyze feedback through some of its more 
unique characteristics. This can be done 
without analyzing harmonic content.

For example, a temporary notch can be 
placed on a potential feedback frequency. 
Feedback is the only signal that will always 
decay (upstream of the filter) coincident 
with the placing of the notch. However, 
because placing a temporary notch is 
intrusive, some other mechanism needs 
to be used to identify potential feedback 
frequencies before a temporary notch is 
placed for verification. One such useful 
characteristic is that a feedback frequency 
is relatively constant over the time that 
its amplitude is growing. This constant 
frequency, combined with a growing mag-
nitude, proves useful as a precursor to the 
temporary notch.

NOTCH DEPLOYMENT
The final area in auto-notching algorithms 

Figure 4. Adaptive filter as used in acoustic echo cancellation


