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Signal processing unit for bone conduction microphone and speaker
An implementation of delay, pitch shifting and echo cancellation
Daniel Eliasson & Lucien Stauffer-Kee
Department of Electrical engineering
Chalmers University of Technology

Abstract
This paper introduces the development of a signal processing unit for bone con-
duction microphone and speaker generating real-time adjustable delayed auditory
feedback (DAF) and frequency altered feedback (FAF). These types of feedbacks
are known to effectively increase fluency in people who stutter. The incidence of
stuttering is about 1% of the world population. The effects of DAF have been noted
since the 1950s. The user’s voice is captured by a microphone, processed, and then
relayed back through a speaker. DAF introduces a delay of 50 to 200 milliseconds,
while FAF alters the pitch by a quarter to a full octave. A notable challenge for
bone conduction devices is the potential for strong feedback paths between speaker
and microphone, which can result in echo or oscillation.
The signal processing algorithms, including DAF, FAF, and echo cancellation, were
developed and tested using MATLAB®. Additionally, an analog chain was con-
structed and evaluated on a breadboard, featuring variable amplification and power
amplifier to directly drive a passive speaker. To achieve a standalone device, the
algorithms were ported to a microcontroller, which was further enhanced with a
user-friendly interface, including a rotary encoder and LCD, allowing adjustments
of the algorithms without programming expertise. The entire system was then inte-
grated onto a custom-designed printed circuit board (PCB), combining both analog
and digital circuitry.
The MATLAB® script successfully implements all algorithms; DAF, FAF and echo
cancellation. It can be used either with sound files like wav or mp3, or through
the use of a audio interface the MATLAB® script can be used in real-time for live
application such as a test with a real person.
The hardware implemented design on PCB has a working and tested DAF, and a
untested implementation of echo-cancellation. Due to limitation in floating point
performance of the microcontroller a pitch shifting algorithm remains incomplete.
The hardware device has sufficient audio quality with a total harmonic distortion
of about 3% adhering to IEC 60645-1. This work lays the groundwork for future
enhancements, particularly in refining the pitch-shifting capability.

Keywords: Signal processing, stuttering, DAF, FAF, echo-cancellation, Raspberry
Pi Pico, audio.
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1
Introduction

1.1 Background

Devices based on skin microphones are currently researched to be used as bone con-
ductive stethoscope for hearing aids among other application. A similar device to
hearing aids can be used for altered auditory feedback (AAF). Today an approximate
one percent of our population are experiencing experiencing some amount of stut-
tering [1]. Both delayed auditory feedback (DAF) and frequency altered feedback
(FAF) have been already identi�ed to inhibit stutter to a large degree. Research
in inhibiting and reducing stuttering have yielded between 60-100% stutter inhibi-
tion by altering the auditory feedback [2]. Conclusion of these �ndings suggest that
the means of altering the audio, primarily DAF and FAF, could be used in clinical
application.
Research in bone conduction microphone and transducers for use within hearing aids
have recently seen great progress. One of the more elusive problems of objectively
measuring the audibility of bone conductive devices have been solved by using skin
microphones [3]. It is therefore possible to verify the operation of a bone conduc-
tion device for audio playback. Bone conduction devices have also been successfully
used as implants with no serious adverse e�ects [4], it is therefore of great interest
for making better, smaller and seemingly invisible hearing aids among other things.
Previous study have determined the optimal placement for bone conductive micro-
phone for speech intelligibility which have been understood to provide better audio
clarity in noisy environments compared to traditional air microphones [5].
Because bone conduction devices has seen very recent advancements, it has become
ever more interesting to apply the technology to new �elds such as stutter inhibition.
Since there's many system similarities between hearing aids and the devices proposed
to inhibit stutter, there's also great potential for near-term product development and
thus patient life quality improvement.

1.2 Aim

For the purpose of continuing the research in stutter inhibition and evaluate if skin
microphones are suitable, a suitable signal processing unit needs to be constructed.
Since the best combination of settings for inhibiting stutter can vary between indi-
viduals among other things, a large degree of customization is needed.
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1. Introduction

1.3 Limitations

Despite the testing of the device on the participants of the project, no clinical studies
will be conducted during the course of the master thesis.
Although many of the functions will be adjustable, it will not be investigated how
they perform while being adjusted in real-time. We assume a steady state of these
adjustable parameters and any artifacts created during parameter change will be
disregarded.

1.4 Speci�cation of the issue being investigated

A complete signal processing system needs to be designed. The system is expected
to receive an analog signal and using a combination of analog and digital circuitry,
apply an adjustable delay and a pitch shift. In addition the microphone signal
may be enhanced with echo-cancellation as this is a issue more prevalent to bone
conducting speakers and microphones. When the signal processing is complete the
system should output the audio as an analog signal to a speaker.
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2
Theory

In this chapter we will go through some of the more niche knowledge applicable to
this report. It is however assumed that knowledge of electronics as well as signals
and signal processing at a basic level is already known. Therefore no discussion
about the di�erences in time-domain and frequency-domain or how one signal may
be transformed from one to the other domain. It is also assumed knowledge of
the di�erence between continuous signals and discrete signals, both in time and
amplitude.
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2. Theory

2.1 Digital delay line

Digital delay line is a discrete element in signal processing which allows a signal
to be delayed by certain number of samples, see �gure 2.1. The delay line may be
realized in various ways, one of those is a circular bu�er.

Figure 2.1: Delay line with signal delay m

The circular bu�er uses a �xed length of memory and through changing the position
of read and write you can decide when to read back an old value, see �gure 2.2. The
delay is not �xed to the bu�er size instead a change in the relative position of
the read output to the write input [6] will have di�erent delay. This is because
it e�ectively creates a part of the bu�er which has been written but has not been
outputted, in essence delaying it from being output. The largest spacing that can
exist is the same as the size of the bu�er. A delay larger than the bu�er size will
otherwise overwrite input-data before ever being read out.

(a) bu�er at position 000 (b) bu�er at position 001

Figure 2.2: The working principle of circular bu�er

4



2. Theory

2.2 Fast Fourier Transform

The Fast Fourier Transform (FFT) is a set of algorithms which aims to transform
a signal from the time domain in to the frequency domain. In most applications it
is equivalent to discrete Fourier Transform (DFT) with the big advantage of being
faster. FFT is not just one algorithm, instead it is a name entitling all algorithms
equalling DFT in function but being computationally faster. The most famous and
widely used varient is the Cooley�Tukey algorithm and is the one we will discuss.
The Cooley�Tukey algorithm aims to break down the computational task in to
smaller ones. In practice this is done by breaking a N long DFT to two lighter
DFTs of length N/2. Through the use of some lighter mathematical manipulation
the results will become the same. This being recursive means that in the ideal case
DFT with the length of a 2 power, it only needs to calculate the trivial DFT of
length 1 and the rest is lighter manipulation [7]. Whenever a move to the frequency
domain is done some consideration about the window function should be done. The
default rectangular window may give substantial artifact, instead it is common to
use a Hanning window.
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2. Theory

2.3 Pitch shifting

The process of pitch shifting aims to alter the signal in frequency domain to shift it
up or down. One of the core principles is to alter the playback speed. However alter-
ing the playback speed is not possible in real-time applications as having playback
faster/slower than recording speed means either running out of samples to play or
an ever increasing remainder to play neither of which is desirable. There are many
solutions to overcome this issue, one of these is the phase vocoder.
The two fundamental parts of the phase vocoder is resampling and phase realign-
ment. To achieve a playback speed di�erent from the recording speed resampling is
used, which e�ectively changes the pitch. The other part, phase realignment makes
sure to keep phase coherence, preventing audible artifacts [8].

2.3.1 Resampling

Resampling is the process of changing the sample amount. This means that the
signals still occupies the same window of time but now has more or less amount of
samples, see �gure 2.3 for a visual representation. Playback after resampling with
the original sample rate changes the time window of the signal instead. In turn
changing the size of the time frame a signal occurs means it plays faster or slower
in time, in other words you have shifted the signal in frequency domain [9].

(a) Original signal (b) Equivalent time contin-
uous signal

(c) Resampled, original
time frame

(d) Resampled, original
sample rate

Figure 2.3: Resampling of a signal

When resampling it is important to know the general frequency spectrum of the
signal as the signal may not be supported by the new sample rate resulting in
aliasing artifacts.
In practice it is separate in to two di�erent methods, one for increasing sample
rate and one for decreasing. To increase sample rate insertion of zeros in between
samples is done, which is followed with a low-pass �lter designed according to the
maximum supported frequency allowed by the original sample rate. This low pass

6



2. Theory

�lter is sometimes called a reconstruction �lter. To decrease the sample rate is done
by �rst making sure there is no frequency content not supported by the new sample
rate. Which is done by �ltering the signal with a low-pass �lter, sometimes called
an anti-aliasing �lter. After this is done, exclusion of samples at an even spacing
trims away to desired sample rate. These two methods by themselves will only
allow changes to the sample rate as a multiple or division by an integer factor. To
change the sample rate to any rational number both methods needs to be done in
succession, �rst increase the sample rate and later decrease it [10].

2.3.2 Time framing

In a real time application an extra step is needed to be able to perform multi
sample processing. One function ful�lling this is to store multiple samples in a
bu�er representing a frame of time, see �gure 2.4.

Figure 2.4: Signal divided in to frames

In the context of resampling each frame to achieve pitch shift there is two substantial
issues, visualized in �gure 2.5. When each frame is stretched out there is an overlap,
in which case there is two signals that needs to be combined. In the second case
there is a far worse problem. When the frame is shrunk it results in spaces of time
in which there is no signal to play.
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2. Theory

(a) Segmenting without overlap (b) Segmenting with overlap

Figure 2.5: E�ect of resampling on time frame signal

A solution to the issue of having no signal to play it to create the initial frames
with an overlap. Thus there's a margin of time which the frames can be shrunk. To
handle overlapping time frames a window function may be applied to each frame
and then it is possible to simply add them together [11].
One issue will however remain, phase misalignment, the solution of which have given
the phase vocoder algorithm its name. Through the use of FFT, each small time
frame can be transformed into the frequency domain. Samples will then represents
magnitude and phase at a speci�c frequency instead of an amplitude at a given time.
This leads to the opportunity to manipulate the phase while keeping the frequency
content the same. Inverse FFT can then be applied to resynthesise each time frame
back to time domain [12]. The end algorithm is summarized in �gure 2.6.
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2. Theory

(a) block diagram (b) signal diagram

Figure 2.6: Block diagram and the corresponding changes in signal it makes for
the pitch shifting algorithm
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2. Theory

2.4 Echo cancellation

Echo cancellation is the process of removing echoes due to an unwanted feedback
path by �rst estimating the feedback path, secondly reproduce the echoed signal
using the estimated feedback path to then thirdly, remove it from the signal, see
�gure 2.7.

Figure 2.7: Block diagram of echo cancellation

The estimation of the feedback path is commonly done using a �nite impulse re-
sponse (FIR) �lter. This is an adequate solution for most naturally occurring feed-
back as it encompass both signal delay and frequency alteration such as low-pass or
high-pass. It will however not work for signal deterioration like clipping or distortion
as the FIR �lter cannot approximate these.
For the echo cancellation to work, there needs to be an accurate estimation of the
feedback path and in order to do so, the �lter requires to be trained. To train
the FIR �lter it's possible to play a known sound from the speaker and use the
microphone to listen to it. For better performance, it's common to use a sound with
a wide frequency spectra and so it is typical to play white noise. Then, comparing
the result from the real feedback path that's captured through the microphone to
the estimated result, the di�erence is the error and is called e. By using the least
mean square (LMS) algorithm the �lter can be incremented for as low as possible
error e [13]. Ideally this will converge giving you a good approximation.
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3
Methodology

The aim of this project is to develop a tool to be used for investigations of delayed
auditory feedback for rehabilitation of patients who stutter. In more detail, the goal
is to develop a signal processing prototype with the functions in �gure 3.1. The
device will have an analog and a digital section. The analog section main purpose
is to amplify the signal. Meanwhile the digital section contains the di�erent audio
alterations like delay and pitch shifting.

Figure 3.1: Block diagram

We began working in MATLAB® creating scripts of the di�erent algorithms. The
scripts were �rst tested on audio clips con�rming each algorithms function. These
scripts were then combined into a complete model able to process audio clips or
real-time audio through an audio interface.
The learning's from the MATLAB ® experimenting was then used to create a stand
alone unit based around the Raspberry Pi Pico microcontroller. First assembled and
tested on breadboard where alterations on hardware could easily be done. Analog
section was partly simulated in LTSpice and then tested with components on bread-
board. Features not implemented in the MATLAB® scripts such as an interface to
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3. Methodology

change settings was also added. We then moved to a printed circuit board (PCB)
when we achieved a stable hardware solution. The PCB was designed in KiCad.
The �rmware running on the Raspberry Pi Pico was written in C using the Ras-
berry Pi Pico version of Visual Studio Code. The algorithms were initially written
heavily based on previous work in MATLAB®. A lot of work was however put in
to optimizing these algorithms for the speci�c platform. See �gure 3.2 for a block
representation of above.

Figure 3.2: Overview of task schedule

Once the standalone unit was �nished work on measuring performance commenced.
To characterize the device a set of measurements have been taken using a dynamic
signal analyzer connected by a multitude of methods. Directly connected, meaning
electrically stimulating the input of the device and simultaneously measuring the di-
rect output voltage. We've also measured the device connected to a bone-conducting
microphone and bone vibrator to characterize the behavior in a close to intended
application. The microphone is being stimulated by a speaker inside the anechoic
test chamber BK 4222. The bone vibrators force is being measured through the
arti�cial mastoid BK 4930, see �gure 3.3. All tests have been done with maximum
input and output gain. The measured data collected includes frequency response,
bone vibrator force, total harmonic distortion, noise and input saturation point.
The bone vibrators tested were the Radioear B71w, B81 and B250.
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