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Abstract:

In this report a self adjusting loudspeaker system is developed.

The purpose of a self adjusting loudspeaker system is to equalize

reverberations and standing waves in a room such that the speaker

output is as close to the orginal audio source.

The product consists of two parts: A Base Station and a Mo-

bile Station. The Base Station is connected to the users audio

player. It’s purpose is to do filtering of the audio signal and out-

put the equalized signal into a speaker system.

The Mobile Station is recording the audio in the room and

transmits it to the Base Station so it knows how to equalize the

audio. The transmission from Mobile Station to Base Station is

done via Bluetooth.

The system has been implemented in three blocks:

1. The program running on the Base Station is programmed in

C using the ALSA API.

2. The filter is designed as a C library for the Base Station

program.

3. The wireless communication is desigend so it have a receiver

and a transmitter. The receiver connected directly to the

sound input of the Base Station.

The functionalities of the implementation part are verified

through multiple tests.

A prototype has been developed and is working as intended.

The Base Station consists of a laptop and a USB sound card and a

Mobile Station consists of a laptop and a USB sound card with a

microphone connected to it. The Mobile Station sends sound data

to the Base Station via wireless Bluetooth connection.

From measurements it can be seen that the system is coun-

teracting noise that is different from the audio source.

Henrik Aarup Vesterager Jacob Møller Hjerrild Hansen Søren Bøgeskov Nørgaard

Malthe Bilgram Jensen Igor Aleksandrovich Syrytsin Lasse Thomsen

Constantin de La Seiglière

The content of this report is freely available, but publication (with reference) may only be pursued due to agreement with the

author.

http://es.aau.dk


Preface

Reading Guide
The report is structured in four sections. In each section different aspects of the project will be analyzed.

• I Problem Analysis
• II Technical Solution
• III Conclusion
• IV Appendices

The Problem Analysis will be dealing with definition of the technology which will be developed
and therefore it contains the necessary discussions for a Requirement Specification, which will result in
guidelines and instructions for The Technical Solution. The Technical Solution contains development of
the system and solutions to the issues discussed. The Discussion part contains a summary and conclusion,
and reflections regarding the obtained system technology.

Appendices

Appendices are found after the main report A.1 and on the attached CD. The appendices contains all
source code, an extended analysis, measurement reports and work sheets. The CD also contains a digital
version of the report and the web pages used. A complete list of the CD content can be found here D.
When referred to the CD the following symbol is used

path/to/stuff

All figures, tables and equations are referred to by the number of the chapter they are used in, followed
by a number indicating the number of figure, table or equation in the specific chapter. Hence each figure
has a unique number, which is also printed at the bottom of the figure along with a caption. The same
applies to tables and equations, the latter of which have no captions. Appendices are referred to by capital
letters instead of chapter numbers.

Bibliography

At the very end of the main report, a Bibliography is listed which contains all sources of information used
in the report. In the Bibliography books are indicated with author, title, publisher and year. Web pages
are indicated with author and title. All information sources are referred to by the number which they
feature in the list. This will look like this: [number]. If the sources reference is written just before a final
dot, then it represents the source of information for the sentence in question. If the reference is placed
after the dot it represents the source of information for the section in question.
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1 Introduction

The sound quality of reproduced sound is not only dependent on the electronic circuits and speakers.
When listening to playback audio inside a room, the sound that reaches the listener is a product of
room dimensions, surfaces and furniture etc. Therefore, the frequency characteristics are varying with the
location of the listener and the speakers, relative to the room. The aim in this project is to design an
electrical audio system, which continously analyzes the frequency response for a loudspeaker inside a room.
Once this frequency response has been found, the system will make it as flat as possible, by equalizing
the output signal from the system to the speaker. This is done to improve the sound reproduction and
thereby improve the sound quality for the listener. This design can be used in augmented reality or in
private communication systems, by users of loudspeaker systems that are moving physically while playing
games, listening to music or watching video. Using the self adjusting loudspeaker system will then help
improve the experience with audio systems inside a room. Since the focus is to design a system for people
that are changing location, by moving around, the system should be wireless. Furthermore it has been
chosen to use a Raspberry Pi with a Linux implementation as the Base Station.

1.1 System Description
The general purpose of the system is to compensate for any changes in the sound as the listening person
is moving around in the livingroom, so that the listening person always has the same sound experience.
The ideal soundsystem for home use should work with a stereo sound system, see Figure 1.1.

Sound system

Base station

Mobile

station

Music

player

Ant.

Mic.

Ant.

(sound)(sound)

(magnification)

(wireless)

Figure 1.1: Real life drawing of project.

The measuring system must work at normal audio frequencies, 20Hz up to around 20 kHz. The
principle in a measurement could be as follows: The audio interface/computer plays music which is sent
to the loudspeakers. The microphone picks up the audio signal and sends it through a wireless connection
back to the audio interface/computer. The software on the computer tunes the various filters in near real
time because a small time delay is introduced, so that a satisfying frequency characteristic is obtained.
An example of a compensation situation, can be seen on Figure 1.2. In this example the red curve is
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2 CHAPTER 1. INTRODUCTION

compensating for the recorded sound and resulting in a flat frequency response. In this case an inverse of
the recorded frequency response is made and added to the recorded frequency response.

Picked up sound

Resulting sound

Compensation

dB

rad/s

(Amplitude)

(Frequency)

Figure 1.2: Concept of compensation. The blue frequency curve is first picked up. The computer then adjusts it’s filter as the red curve,
and the resulting curve is a flat curve—the green one.

1.2 Initiating Problem
The initiating problem aims to initialize an analysis of the problem to clarify the functionality and re-
quirements of the system. The initializing problem is as follows:

Which considerations should be taken into account when building a wireless self adjusting
loudspeaker for use with augmented reality?
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Problem Analysis
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2 Technology Definition

2.1 Block Description
In this chapter the technology will be defined, throughout the analysis. This is done by
investigating which parts that is included in an audio system, which is able to carry out
a frequency analysis and apply level regulations based on the frequency analysis. Also a
measurement of the frequency response in a room is carried out. This will lead to the
problem statement.

To give an overview of the system, it is initially divided into four modules. This is done to outline
the interfaces between these modules. On this block diagram the interfaces are noted with a V and a
P. The V is for analogue voltage and the P means air pressure variations. Each module will be further
descriped in detail in the following sections, which also leads to the definition of what each system will
contain and how this will be developed. (e.g. The computer will contain AD/DA converters, filters and
realtime regulator software).

Audio

input
Computer Speaker

MicrophoneCommunication

+

−

V V P

VV

V = voltage

P = air pressure

V

Figure 2.1: Overview of the system

2.1.1 Computer

The computer is a real time system, that compares the output from the microphone system to the reference
input signal which is fed to the speaker. This is done to equalize the output to the speaker, so it is as
close as possible to the reference in the listeners position. The idea is to pass the signals through a real
time digital filter to have a dynamic system.

The computer could have two analog inputs and one analog output, where the inputs consists of a
AUX sound input and a microphone output through the communication block. The analog output is used
for the speaker. There are many ways of implementing this computer into the system, one way is to use
a raspberry pi or some sort of small controller with the right requirements.

2.1.2 Speaker

The speaker block is composed by an amplifier and a loudspeaker. The amplifier receives an analog input
signal from the computer. Then the loudspeaker produce sound in response to the electrical audio signal
input. The analog input of the loudspeaker is in Volt and the air pressure output is in Pascal.

2.1.3 Microphone

This module will be in charge of measuring the sound from the speakers.
The microphone will sense the sounds from the speaker and pass this signal to the computer through

a pre-amplifier and a communication module. The microphone will be located on a person, so there could

4



2.2. MEASUREMENT OF ROOM FREQUENCY RESPONSE 5

be a continuous change in the speakers output, based on the input received from the microphone.

2.1.4 Communication

This module handles all communication between the computer and the microphone system. This could
be a simple wired- or a wireless communication.

The computer will need some sort of communication device, to receive the signal sent from the mi-
crophone system and likewise will the microphone system need a device to transmit. The data could be
converted into digital at the microphone system and sent digitally or the signal could be sent directly
analog and the analog to digital conversion would happen in the computer.

This was an overview of the complete system, how it is suppose to be carried out. Therefore the main
interfaces is now defined and a feedback system has been initialized. To define the specific parameters
in the feedback system, the output which is the sound in a room will first be investigated further in the
following section.

2.2 Measurement of Room Frequency Response
Sound quality may be defined as the ability to reconstruct the original signal from its natural appearance.
When developing an electrical system to achieve this, all the interferences in the whole chain of the system
has to be found.The main sources of interference are listed below.

• Propagation through air.
• Propagation through electrical circuits.

Because this project focuses on the development of the electrical circuits, which will equalize the frequency
response with respect to a reference signal, the acoustic reflections will briefly be described in this section.
A measurement of the frequency response has been carried out. This was done by recording the playback
of pink noise, in different locations of a room with a height of4m, a width of 4m and a length of 6m. The
recordings were conducted with a Zoom H4 HD-recorder (AAU no. 64694) and one speaker of type Genelec
1032A. The placement of speaker and microphone is shown in Drawing 2.3. Datasheets for speaker and
microphone can be found on the CD [16].

/Datasheets

The results are illustrated in Figure 2.2 and Figure 2.4. This measurement, shows that the frequency
content is distributed unequally. These unwanted fluctuations are mostly placed in the lower end of
the spectrum. In the interval below 30Hz all recordings lacks magnitude, due to the limitations in the
frequency response of the speaker.

From 35Hz to 100Hz all recordings shows fluctuations of around 10 dB above the reference, which
should be compared to the higher end attenuation of the same recordings. In the interval between 120Hz
to 300Hz some signals are above the reference by 10 dB, though some signals are below by 6 dB. Above
1 kHz the signal depicted in blue is a bit above the reference, while the green signal is attenuated. Both
of these should be compared to the lower end of the respective signal, because each graph in the plots
is scaled, so that the max frequency gain of every signal equals 0 dB. All of the signals shows further
attenuation over 15 kHz, due to speaker and microphone limitations. These measurements have been
done to show that there are undesired fluctuations in the propagation through the air. It should also be
mentioned here, that every speaker has directivity characteristics, which affect the listeners experience in
each position. As the listener is exposed to this unequal frequency response like the ones measured, it is
fair to conclude that the listener could use some help in order to adjust the frequency spectrum. As a side
note it can be seen that the greatest amplifications is in the low end of the frequency band, which makes
sense in comparison with room dimensions and the standing waves phenomenon.
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Figure 2.2: Frequency characteristics in three positions of a room, compared to the reference signal, which is pink noise signal.
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8

7
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6

1

5 4
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Figure 2.3: Positions of the speaker and the positions of the microphone, during recording of pink noise.
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Figure 2.4: Frequency response of 8 measurements and the pink noise reference, in the low end of the spectrum.

2.3 Microphone System

The Microphone system (Mobile Station) is placed on the listener. It will communicate to the Base
Station, through the wireless tranceiver. Therefore the signal output has to be compatible with the input
requirements for the ADC of the WL-tranceiver. The expected SPL is below the human threshold of
pain and will be above normal background noise of 60 dBSPL. To produce an exact representation of the
reference signal, the frequency response is supposed to be linear in the audible range. The microphone
device needs to be mounted on a listener, that moves around in a living room. Therefore it is preferred to
use a small and non power consuming microphone. Furthermore the directivity pattern, should somehow
be approximately close to that of the listeners ears.

Different microphone technologies exist, which are being used for different applications. Moving coil,
ribbon, piezo, and the capacitor are some examples. Some more theory is explained in Appendix C.2 and
Appendix C.3.

2.4 Standards for Dividing the Audible Frequency Range into Bands
When detailed information about a complex sound is required, the frequency range from 20Hz–20 kHz can
be divided into bands. This is done with band pass filters. In professional audio equipment, the bandwidth
of each band is mostly designed as one third octave or one full octave [18]. In the following section the
necessary equations in standard design will be described shortly, only for base 2 numbers, derived from
DS/EN 21260. The standard DS/EN 61260[25] defines how the audible frequency spectrum should be
divided into bands of selectable bandwidth.
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The exact midband frequency f
m

is defined as in Equation 2.1.

f
m

= 2

x

b f
r

(2.1)

where

• f
r

is the reference frequency, and is supposed to be 1 kHz
• x is an positive or negative integer, indexing the number of bands away from the reference frequency.
• b is the bandwidth-designator (for one third octave b is 3).

When the bandwidth-designator b is even:

f
m

= 2

2x+1
2b f

r

(2.2)

The edge frequencies of the pass band are defined as in Equation 2.3

flower = 2

�1
2b f

m

^ fupper = 2

1
2b f

m

(2.3)

where

• flower is the lower band edge frequency of the respective band.
• fupper is the upper band edge frequency of the respective band.

The transition limits is given in tables of relative attenuation.
The tables has been left out, but the data from the tables is shown graphical in Figure 2.5. The filter
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Class O Upper Limit for Third Octave Filters
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Class O Lower Limit for Octave Filters

Class 2 Upper Limit for Third Octave Filters

Class 2 Lower Limit for Third Octave Filters

Class 2 Upper Limit for Octave Filters

Class 2 Lower Limit for Octave Filters

Figure 2.5: DS/EN 61260 band pass standart filters

designs are categorized into three classes. Only the two extreme classes are shown in Figure 2.5. They
are shown for both the third octave and one octave designs, at normalized frequency. It can be seen that
some ripple is allowed in the pass band. And importantly one can notice by looking at the transition, that
the slope seems to be close to 60 dB per decade.

2.5 Filter Analysis

This section will investigate which filter to design, by complying to the DS/EN 61260 Standard. It will
be easy to decide the Butterworth type, since it has the property of zero ripple in the pass band, which
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is preferred in audio application. Therefore, by using MATLAB, three designs will be compared to the
DS/EN 61260, Class 0. It has been decided from the data in Figure 2.5, to design LP-prototypes of 2nd,
3rd and 4th orders, and transform these into band pass filters, to see how they comply with the standard.
The results are shown in Figure 2.7, 2.8 and 2.9.

For this approach to be used, the filters have to be parallel and summed together, as seen on Figure 2.6.
This way, all the filters can be developed individually and each with it’s own gain coefficient.

..
.

ΣX(z) Y(z)

Hn(z)

H4(z)

H3(z)

H2(z)

H1(z)

Figure 2.6: Filter construction. All filters are running in parallel and are summed together.
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Butterworth 4th order BP
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Lower Limit Class 0
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Figure 2.7: Comparison of different orders of Butterworth band pass filters to the DS/EN 61260 standard

It is seen that the 4th order BP-filter is non-compliant with the standard, while both the 6th and the
8th order filters are. This makes it possible to design a compliant filter, with a BP-transformation of the
3rd order LP-filter. Therefore the properties of this type is furthermore examined in conjunction with the
frequency spectrum of the recordings of pink noise signal from Section 2.2. This is carried out by using
the design procedure, described in Section 2.4 to design the 6th order BP-filter in both full octave design
and third octave design, and graph them in the audible range on top of the plot of the measurements of
recorded frequency response. For frequencies up to 1 kHz, see Figure 2.10.

This is done to extract a more precise link between the measured interference and the ability to
equalize the spectrum, with a 6th order Butterworth design.

The results has to be compared to some test or calculation results from the the computer platform,
and definitions from the limitations in the realtime system that handles the signal processing, before it is
appropriate to settle on a design for the filter part.
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Figure 2.8: Closer look at the comparison
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Figure 2.9: Comparison of different orders of Butterworth band pass filters to the DS/EN 61260 standard
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Figure 2.10: Comparison of noise recordings to filters of third octave and full octave. The frequency axis is represented in the lower end,
and the recording is in full sample rate of 44,1 kHz
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Figure 2.11: Overlap of 20th order compared to 6th order band pass design
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2.6 Computer Platform
For the base unit of the system, it has been decided to use a Raspberry Pi. The reason for this is that
it contains quite a lot of computation power and is widely supported. In this section, the features of the
Raspberry Pi are briefly described in the context of the project.

Figure 2.12: Raspberry pi model B.[21]

The initial idea behind the Raspberry Pi was to design a small and cheap computer for kids. This has
resulted in a small computer based on a Broadcom BCM2835 ARM chip running 700MHz. It is mainly
build like a desktop computer containing USB ports, video output, LAN connecter, and audio output as
seen in Figure 2.12. Apart from these standard connectors, the unit contains a set of general purpose I/O
ports (GPIO) which can be used to connect your own devices to it without using USB or other standard
connectors.

The Raspberry Pi is build to use Linux as operating system. Debian is the recommended distribution,
but every Linux distribution compatible with it’s ARM processor is usable. Other operating systems like
FreeBSD and Plan9 are also supported.[8][2]

As mentioned above, the Raspberry Pi contains a standard audio output, but by default does have
an audio input. To input audio, the official website suggests using a USB microphone.[21]

2.6.1 Audio Inputs

Though it is desired to input an analog audio reference, the Raspberrry Pi does not contain a standard
analog input for audio. For this purpose the GPIO can be used. This requires an appropriate ADC
for audio purposes. The optimal solution will also be able to handle the input conversion for the signal
from the microphone. The standards for audio inputs from DIN45500/IEC61938-1 are listed in Table 2.1
The expected audio music input anno 2013 has been digitally produced to the radio. This product will

Source Z
out

Required Z
in

Nominal v
out

Maximal v
out

Maximal v
out

Line 2,2 kΩ �22 kΩ 0,5VRMS 2,8VRMS 4Vpeak
CD 2,2 kΩ �22 kΩ 2,0VRMS 2,0VRMS 2,8Vpeak

Table 2.1: Signal standards for connecting to external audio player
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most likely, have a nominal signal amplitude close to the max value, which should be close to 2,8Vpeak.
Furthermore the connectivity to an external audio player is often handled by 3,5mm TRS phone connector
on e.g. a mobile phone, which is obvious to consider when designing an external input to the Base Station.

2.7 Propagation Delay
The system needs to retain data in some internal structure, so it can be retrieved and replenished readily.
To be able to design an efficient signal flow and buffer size, the signal progations are compared in Figure
2.13. Figure 2.13 shows the symbolic data flow, independent of whether the signal is analog or digital.
The important aspect is that the content of two buffers needs to be aligned in time. Initially when the

Comparator

Controller(sound velocity)
Sound system Mobile stationAudio player Output filter Buffer 1

Buffer 2

Figure 2.13: Flow diagram to show the delay in air propagation, relative to the wired signals.

audio signal has passed the filter, it will be output to the speaker and also to the data buffers for the
controller. Meantime the data, that corresponds to the initial point in time, will reach buffer two first,
and some delayed time t

d

later it will reach buffer one. This time relation is described in Eq. 2.4. It is
relative to the distance from microphone to speaker, due to sound velocity, which is described in Eq. C.4.

t
d

=

d

vair
(2.4)

where
• t

d

is delay time.
• d is the distance from speaker to microphone.
• vair is the velocity in the air, approximatly 340m/s.

This situation could be fixed at system startup, by adding a test tone, with properties to make the buffers
able to respond with a counter result. This situation could also vary the size of each buffer. The difference
in buffer size Buffer 2 � Buffer 1 = �buf will then be.

�buf = t
d

⇥ bitrate (2.5)

2.8 Size of the Audio Buffer
To process the audio signal, the Base Station will contain the audio in a buffer system. There are some
limitations in this aspect, which is the interval in which it is possible to sample without aliasing. When
sampling it is necessary to define the lowest sampling frequency, f

c

. The lower limit has to be compliant
with the Nyquist-Shannon Sampling theorem. Next the minimum audio buffer size must be defined. The
limit can be defined from the lowest input frequency which is desired to sample, and in this respect it’s
important that the buffer is able to contain the signal (e.g. 20Hz). If the lowest frequency is 20Hz then
the period time is T

s

=

1
20Hz = 50ms. The minimum buffer size � x · samples

T

s

, where x is the maximum
data size of each sample. If the sampling frequency f

c

is 44,1 kHz there will be 44,1 kHz · 0,05 s = 2205

samples, if each sample is 4B then the minimum buffer size � 8,82 kB.

2.9 Wireless Communication
When designing electronic devices it is often useful to utilize wireless communication. A lot of electronic
systems have wireless communication implemented, whether it is for a car, mobile phone, computer, or
television. These implementations comes in many forms, with different protocols. In this project the
wireless communication will be used between the mobile and Base Station, so that the user can change
position, freely, inside a room.
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2.9.1 Bandwidth

Wireless communication in electronic devices are usually using the radio spectrum between 30MHz and
30GHz [1]. The spectrum is allocated into licensed and unlicensed bands, whereas the licensed bands
could be for AM radio, FM radio, or the 3G. Using licensed bands without being licensed is strictly illegal,
and can result in large fines, therefore it is important to choose a band that is public available worldwide.

The word bandwidth is rather ambiguous, since it can be the difference between the upper and lower
frequencies (spectrum) or it can be the network throughput. In this report bandwidth will refer to the
spectrum and not network throughput.

2.9.2 Needed throughput

Since the Mobile Station needs to stream audio wireless, which is in the range of 20Hz to 20 kHz, it needs
a certain throughput to be able to stream this. Because of Nyquist–Shannon sampling theorem[19] it’s
obvious that the sample rate should be equal or greater than 40 kHz. Regular CD’s uses a sample rate of
44 100Hz and usually a bit depth of 16 bit.[9] The bitrate can be calculated as [26].

bitrate = sample rate ⇥ bit depth ⇥ channels (2.6)

The theoretically needed throughput to stream audio in CD quality would then be

bitrate = 44 100Hz · 16 bit · 2
bitrate = 1411 200 b/s ⇡ 1,4Mb/s

This is the needed throughput, and it might not be necessary to have the audio in CD quality. Lossy
compression, can be used to compress the audio using an algorithm and then save throughput. Such
algorithms can be implemented as hardware solutions. By using a hardware solution large computational
delays can be avoided.

2.9.3 Range

The range limitation of wireless communication depends on the specific technology used and in this section
the specific technology will take base in the IEEE 802.11 standard. The IEEE 802.11 standard is commu-
nicating in the 2,4GHz, 3,6GHz, 5GHz, and 60GHz frequency bands and depending on the protocol, the
indoor communication range can reach up to 70m.

Typical wireless connections using the IEEE 802.11 protocols such as wifi and Bluetooth commu-
nication can reach an indoor range of up to 35m. Wifi uses the same frequency band as Bluetooth at
2,4GHz, but uses higher power which results in a higher bit rate and better range from the Base Station.
Both the wifi and Bluetooth technology are developed for home and outdoor use, which means that both
technologies are suitable for the communicating aspect of this project.

The range is also dependent on the frequency, as the wavelength changes when the frequency changes,
also described in the speaker section, Appendix C.1.[27]

2.9.4 Digital vs. Analog

When looking at different wireless technologies, it’s important to take a look at the difference between
analog and digital technologies. The sound quality for digital signals compared to analog signals depends
on the resolution (bits per sample) of a given sound. The higher resolution the more accurate reproduction
of the sound. This means in theory that analog sound quality would be better because of the reproduction
of the sound, but nowadays the resolution of digital systems are very high and the difference is not audible.
When talking about signal noise, the digital technology is the winner. In digital the signal only consists of
zero’s and one’s, which means that noise only gets noticed if it passes the level where a digital zero turns
into a digital one. In the case of analog technology, noise can be heard at any level because of the analog
signal [24].

The price of digital technologies compared to analog technologies varies a lot. Analog technologies
have been the cheapest solution for many years, but the digital technologies are beginning to catch up.[7]



3 Problem Statement

Throughout the problem analysis the initiating problem have been answered in Part I. The collected
knowledge is used to setup criteria for developing an appropriate solution, and describe what requirements
should be met.

How is a self adjusting loudspeaker system designed, which is able to counteract the effect of the
frequency characteristics of reflections, by equalizing the signal to a speaker, so that the sound
in the air is similar to the audio source—even when the listener is moving around the room?

15



4 Requirement Specification

To be able to answer the Problem Statement in Chapter 3, the requirements to the product
must be described. The technical part of this report will be based upon this chapter.

Reading Instructions The requirements in this chapter are derived from the analysis. The requirements
are split in four groups:

1. Section 4.1 is a general description of the system.
2. Section 4.2 describes the system functionalities.
3. Section 4.3 describes the system’s interfaces.
4. Section 4.4 describes the specific requirements that the product has.

4.1 General Description

Audio player
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5

6

Base station Mobile station

Output filter

Controller

Wireless

receiver

Sound system

(communication)

(sound)
Microphone

Wireless

transmitter

Battery

Figure 4.1: System block diagram

The overall system consists of a Base Station and a Mobile Station as it can be seen on the block diagram
in Figure 4.1. In order to get an overview of the functionality of the system, the interfaces and their
directions are added to the block diagram. In the following there will be a description that outlines the
general functionality of the system.

4.2 Functionality Description
From the block diagram in Figure 4.1 the following functionality will be described. It will descripe the
main functions of the system and also give an indication of the main system interfaces.

At first, the Base Station receives a signal from the audio player. This signal is used as a reference
input to the controller and as input to an adjustable output filter. When the input has passed the output
filter it is send to the sound system which outputs sound to the room. The Mobile Station which is placed
on the listening person, uses a microphone to detect the sound in the room. The sound is recorded by the
microphone and send through a wireless communication system to the Base Station station. At the Base
Station the received signal is used as an input to the controller. The controller compares the recorded
signal to the reference signal from the audio player. The purpose of the controller is to compensate any
changes between the audio player input and the recorded signal, so that the listener always gets the same
experience. The controller will do this by applying information to the output filter, which changes the
characteristics of the filter.

16
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4.3 Description of Interfaces
From the block diagram Figure 4.1, it is possible to determine the interfaces, which will be descriped in
the following section. On the block diagram Figure 4.1 the interfaces are enumerated corresponding to
the numbers below.

1. Audio Player and Filter An external music player inputs a analog line signal of max 2,8VRMS.
2. Between Filter and Sound System The filter outputs a standard analog line signal of max 2,8VRMS.
3. Audio Player and Controller An external music player inputs an analog line signal of max 2,8VRMS.

The controller must convert this signal to digital data of same format as the output from WL receiver
to Controller.

4. Between Controller and Filter The controller knows how to manipulate the output filter and sends
this correction data to the filter.

5. Sound System and Microphone The speaker outputs a certain sound pressure level of max 120 dBSPL.
The background noise will be minimum 60 dBSPL

6. Microphone and WL-transmitter The microphone will convert sound pressure variations to volt-
age cf. Section C.2. The output voltage is maximum 2,8VRMS.

7. WL-transmitter and WL-reciever The wireless transmitter and wireless receiver communicates by
the use of modulated radio waves.

8. WL-reciever and Controller The digital data will be passed directly into the controller as an analog
signal of maximum 2,8VRMS

These are the main interfaces. These blocks will be further divided into smaller blocks in the development
process, described in Chapter II.

4.4 Specific Requirements
Below is a list of the specific requirements for the system. It defines the requirements for the blocks in the
block diagram in Figure 4.1. The requirements are numbered so they can be referred to later.

4.4.1 Base Station

1. The Base Station must have a line input for a sound system, compliant with the standard in Table
2.1.

2. The Base Station must have a line output to a sound system, compliant with the standard in Table
2.1.

4.4.2 Filter

3. Sample rate of audio input (for audio throughput): > 40 kHz.
4. Bandwidth of regulation: 40Hz–1 kHz (since the largest changes are in this region, see Figure 2.2).
5. The frequency range should be covered by 1/3 octave bands (see Figure 2.10).
6. The band pass filters are minimum of Class 2 (see Figure 2.5).
7. The band pass filters’ midband frequencies are calculated from a reference of 1 kHz and should be

located as given by Equation 2.1 and Equation 2.2 ±2%.
8. The edge frequencies are proportional to the center frequencies and should be located as described

in Equation 2.3 ±2%.
9. Maximum ripple within the frequency band: 0,5 dB.

4.4.3 Controller

These requirements are based on measurements in Figure 2.4.

10. Sample rate of the audio player and microphone (for regulation): > 2 kHz.
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11. A signal attenuated more than 15 dB at a frequency must not be boosted more than 15 dB to avoid
amplification of “nothing”.

12. Must be able to attenuate boosted frequencies > 20 dB.
13. Must be able to adjust filters in < 500ms.

4.4.4 Mobile Station (General)

14. Maximum physical size: 100mm ⇥ 50mm ⇥ 15mm.
15. Maximum weight: 200 g corresponding to the weight of a modern smartphone[17].

4.4.5 Wireless Transceiver

The following requirements are based on the problem analysis Section 2.9.

16. Use a worldwide public available frequency band.
17. Bitrate > 1,4Mbit/s corresponding to Equation 2.6.
18. Transceiver range > 10m.
19. Power consumption in standby < 50mW.

4.4.6 Microphone System

The microphone system contains an amplifying part. Thus, these requirements are including this.

20. Sensitivity value of 2,8VRMS at 120 dBSPL[11].
21. A linear output signal in the range 40Hz–1 kHz ±0,5 dB is required out of the microphone amplifier.

22. SNR � 50 dB.
23. THD  0,5% in the operating range.
24. Operation voltage: 3,3–10V.
25. Current consumption: < 10mA.
26. Output impedance: Less than 10 times the input impedance of the sound card input.
27. Input impedance: Greater than 10 times the output impedance of the WL-transmitter.

Now the requirements for the system has been defined from the analysis, therefore the
next chapter defines how to test these requirements.



5 Test Specification

5.1 General Tests

Test of Requirement 1—Line Input
This requirement is tested using an oscilloscope. The power will be set to max and it is possible to read
the peak values on the oscilloscope and then compare them to the values set in Table 2.1.

The input impedance is tested according to the method used in the testspecification for Require-
ment 27.

Test of Requirement 2—Line Output
This requirement is tested using an oscilloscope. The power will be set to max and it is possible to read
the peak values on the oscilloscope and then compare them to the values set in Table 2.1.

The output impedance is tested according to the method used in the testspecification for Require-
ment 26.

5.2 Filter

Test of Requirement 3—Sample Rate of Audio Input
The sound card is set to a sample frequency of 44,1 kHz and the processor is running at 700MHz. As the
sampling rate is defined in the main program there is no need to test this requirement.

Test of Requirement 4—Filter Bandwidth
In the design, the octave bands are placed in the desired frequency region. Therefore, this requirement is
not tested.

Test of Requirement 5—Number of Bands
The filter is designed around a certain amount of bands. Therefore, this requirement is not tested.

Test of Requirement 6—Filter Class
Measurements will be done on a frequency analyzer. The measurements will be plotted with the upper
and lower limits of the Class 2 filter. If the requirements are met, the measured signal will be in between
these two limits.

Test of Requirement 7—Midband Frequencies
Frequency analysis measurements will show a peak with a certain bandwidth for each filter. The center
of this band is calculated as

f
c

=

p
flower · fupper (5.1)

where

• flower is the lower edge frequency at �3 dB.
• fupper is the upper edge frequency at �3 dB.

Test of Requirement 8—Edge Frequencies
The edge frequencies, flower and fupper, are measured using a frequency analyzer as described above.

Test of Requirement 9—Pass band Ripple
From the previously mentioned measurements, the pass band ripple is determined from the lowest filter’s
flower and the highest filter’s fupper. Within this band, the highest amplitude, Amax, and the lowest

19
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amplitude, Amin is determined in decibels. The pass band ripple is then

RdB = Amax �Amin (5.2)

5.3 Controller

Test of Requirement 10—Audio Player Sample Rate
The sound card is set to a sample frequency of 44,1 kHz and the processor is running at 700MHz. As the
sampling rate is defined in the main program there is no need to test this requirement.

Test of Requirement 11—Maximum Boost at Frequencies
A measurement like that in Section 2.2 is carried out with the Base Station playing—without the controller
activated—to show areas where the difference with regards to the reference signal is larger than that given
of the requirement.

The controller is then activated and should at most boost dampened frequencies the amount set in
the requirement.

Test of Requirement 12—Minimum Dampening at Frequencies
The minimum dampening should be visible on the previous test of Requirement 11.

Test of Requirement 13—Reaction Time
The reaction time is tested by adding a reference signal that is pink noise. A noise source is applied,
consisting of an abrupt switch from a 440Hz to a 619Hz sine (tritonus interval—very disharmonic so
no overtones should be an issue). This should cause the filters to change because as 440Hz is in the
397Hz-filter range and 619Hz is in the 630Hz-filter range, according to Requirement 7 and 8.

Two signals are recorded:

1. The output (going to the loudspeaker).
2. The microphone recording.

and a spectrogram of each signal is plotted. The output signal should show the sine shift on top of the
pink noise and the microphone should show the noise with the sine shift subtracted. If the sine shift in the
output happens at time tout and the sine shift in the microphone happens at time tmic then the reaction
time is

treaction = tmic � tout (5.3)

5.4 Mobile Station (general)

Test of Requirement 14—Maximum Physical Size
The size of the Mobile Station is measured by a measuring tape and compared to the requirement.

Test of Requirement 15—Maximum Weight
The Mobile Station is weighed on a weighing scale and compared to the requirement.

5.5 Wireless

Test of Requirement 16—Frequency band
The unit is designed around this requirement. Therefore, this is not tested.

Test of Requirement 17—Bitrate
A file of a known size is sent from transmitter to receiver while measuring the time it takes to arrive. The
bitrate is then calculated as

bitrate =

size of file in bits
time it takes to arrive in seconds

(5.4)
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Test of Requirement 18—Transceiver Range
Transceiver range is tested in two steps.

1. Transmit. The Base Station is put stationary. The Mobile Station is set to transmit data to the
Base Station and is moved away until the wrong data arrives at the Base Station. The distance is
measured.

2. Receive. The Base Station is put stationary. The Base Station is set to transmit data for the Mobile
Station to receive. The Mobile Station is moved away until wrong data is received. The distance is
measured.

Test of Requirement 19—Power Consumption in Standby
The power supply for the wireless unit is run through an ampere meter. The wireless unit is put in standby
mode and the current consumption is measured.

5.6 Microphone System
In this chapter is it defined how to test these requirements. Every requirements has a specific
description, to make sure the requirements are testable.

Test of Requirement 20—Microphone Sensitivity
Microphone sensitivity is tested by putting the microphone next to a sound pressure meter—both of which
are placed in front of a speaker. The speaker plays a 1 kHz sine wave, and is turned up until the sound
pressure meter shows the wanted sound pressure. The output voltage of the microphone system is now
measured with a voltage meter.

Test of Requirement 21—Microphone Amplifier Frequency Response
The microphone amplifier frequency response is measured by a frequency analyzer. The frequency analyzer
does a sweep of frequencies and measures the amplitude at each frequency as the signal is sent through
the microphone amplifier. The output amplitude of the frequency analyzer is set to the maximum output
amplitude of the microphone itself. The resulting frequency response can now be compared and should be
within the limits given by the requirement inside the interval given by the requirement.

Test of Requirement 22—Signal to Noise Ratio
The system is turned up to full volume. The amplitude of the noise floor, Vnoise, is measured. A 1 kHz
sine wave is put on the input at full volume and it’s amplitude, Vsignal, is measured. The signal to noise
ratio is then defined as

SNR = 20 log

Vsignal

Vnoise
(5.5)

Test of Requirement 23—Total Harmonic Distortion
The total harmonic distortion is measured by the frequency analyzer tool that is also used to test Require-
ment 21—Microphone Amplifier Frequency Response.

Test of Requirement 24—Operational Voltage
The amplifier is designed around a operational voltage that fits this requirement. Therefore, this need not
be tested.

Test of Requirement 25—Current Consumption
The current consumption is measured by putting a ampere meter between the power supply and the
microphone system, so that all current goes through the ampere meter. A sine wave is put on the input of
the amplifier with the amplitude being the maximum output of the microphone. The current consumption
is observed as the frequency is swept from 20Hz to 20 kHz.
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Test of Requirement 26—Output Impedance
The output impedance is measured by putting a sine wave on the input of the amplifier. The procedure
for getting the output impedance is then as follows (see Figure 5.1).

Z
o

R
L

V
RL

Z
o

+

−

I

with loadwithout load

−

+

V

+

−

V
o2o1

v
o

= v
o1

v=
o2

Figure 5.1: Procedure for measuring output impedance.

1. Without a load, the open circuit voltage V
o

is measured. As no load is connected, V
o

is the same on
“both sides of the output impedance” as shown in Figure 5.1.

2. A load, R
L

, is put on the output as shown in Figure 5.1. The size of the R
L

is chosen so small that
a clear difference can be seen when the load is present compared to the open loop.

3. The voltage drop, V
RL

is measured. The current in the circuit can now be calculated in two ways,
using the voltage drop over either R

L

I =

V
RL

R
L

(5.6)

or the voltage drop over Z
o

I =

V
o

� V
RL

Z
o

(5.7)

From Equation 5.9 the current, I, can now be determined.
4. From Equation 5.10 and V

o

previously obtained, the output impedance, Z
o

, can be obtained

Z0 =
V
o

� V
RL

I
(5.8)

Test of Requirement 27—Input Impedance
The input impedance is measured by putting a sine wave on the input of the amplifier. The procedure for
getting the input impedance is then as follows (see Figure 5.2).

5

9J 9=L
=L

Figure 5.2: Procedure for measuring input impedance.

1. The voltage V
g

measured before the known resistor as shown in Figure 5.2.
2. A known resistor, R, is put on the input as shown in Figure 5.2.
3. The voltage drop, V

Zi

is measured. The current in the in the circuit can now be calculated, using
the voltage drop over Z

i

I =

V
g

� V
Zi

R
(5.9)

The input impedance Z
i

can be found as:

Z
i

=

V
Zi

I
(5.10)
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Now that all the requirements has been defined whit a coplementary test specifiacation, it
is now time to design the subsystems. These will be designed in the next chapter.



II
Technical Solution
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This Part will document the development of all the technical system parts, both for the
Base Station and Mobile Station. The technical development will be initialized from the
block diagram overview in Figure 5.3. A detailed description follows of the main program,
the audio interface system, the applied filters and the wireless system. From the development
of each subsystem follows a subsystem test. Lastly the implementation of the subsystems is
done before the full system is implemented.
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Figure 5.3: Block Diagram of the overall system.

From the block diagram in Figure 5.3 the system is well defined. It outlines all the main interfaces
between every building block. It is then up to the developer to design and implement each building block,
so that it fulfills the requirements specification. To give an overview of the overall code, this chapter begins
with the documentation of the main program.



6 Main Program

In this chapter the development of the main program will be documented. The main program
is the top level and controls the flow of all the developed functions.

As suggested in the block diagram in Figure 4.1 in the requirements specification, the playback through
an output filter is done in parallel with the control calculations. This can be done on the Raspberry Pi by
using a thread for playback and one for calculating the filter gains. This thread division can be seen on
Figure 6.1. It should be noted, that one of the “threads” will be the main program that is then running
as the main thread creating the other.

Player−with−filter

Controller

Recorded

reference
SHARED VARS:

Threads

output filter

Plays audio through

Output filter

gains

Calculates filter

microphone feedback

gains from

Figure 6.1: Thread division of the control, playback, and filtering process.

The thread has shared data, SHARED VARS.
The Player-with-filter thread is always playing back the reference signal through the compensating

output filter. This has very high priority because there should not be any glitches in the sound played to
the user. Since the reference signal should be used by both threads, the Player-with-filter thread does the
recording and shares it with the other thread.

The Controller thread receives the microphone signal and from that and the reference signal it calcu-
lates the gain coefficient of the output filter so it makes the output signal closer to the reference.

The flow of the two threads can be seen in Figure 6.2 and 6.2.
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Figure 6.2: Flow of the Player-with-filter thread.
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Figure 6.3: Flow of the Controller thread

6.1 Thread Test Code
To begin the development it has been decided to design the two multithreads as described in Section 6.
The following code is initially designed directly from the diagram in Figure 4.1 and 6.1. The procedure is
firstly to design the threads, with their corresponding semaphores. This will then be utilized for testing
the data flow. This design is also used as the basis for implementing the required functionalities and data
processing of the complete system. In the code there is implemented some test functions, that reads from
a text file and applies a low pass filter calculations and RMS calculations. The two threads is designed
with an ID number used for debugging the data flow of the threads and semaphores.

1 #include <stdio.h>
2 #include <pthread.h>
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3 #include <semaphore.h>
4 #include <unistd.h>
5 #include <math.h>
6

7 #define BUF_SIZE 4410
8

9 /**
10 * Thread to playback audio and apply the output filter , by use of semaphor.
11 * @param input ID of thread used in test.
12 * @return void
13 */
14 void player_filter (void * input);
15 /**
16 * Thread to compare the mic - and ref -signals , and write result in semaphor.
17 * @param input ID of thread used in test.
18 * @return void
19 */
20 void controller (void * input);
21 /**
22 * Semaphor function to read data from text -file and put data in input_buffer.
23 * @return void.
24 */
25 void read_file_to_buffer ();
26 /**
27 * Function to calculate RMS value.
28 * @param ref_buffer pointer to data_buffer inside controller.
29 * @return float containing RMS value.
30 */
31 float calculate_RMS (float * data_buffer);
32 /**
33 * Function to apply lp-filter to data_buffer from controller.
34 * @param ref_buffer pointer to data_buffer inside controller.
35 * @return float containing .
36 */
37 void lp_filter (float * data_buffer);
38

39 sem_t SHARED_VARS;
40 float data [128], coefficients [13], input_buffer[BUF_SIZE ];
41 int testcounter = 0;
42

43 int main ()
44 {
45 int id_number [2];
46 pthread_t t_id [2];
47

48 id_number [0] = 1;
49 id_number [1] = 2;
50 sem_init (& SHARED_VARS , 0, 1);
51 pthread_create (&t_id[0], NULL , (void *) &player_filter , (void *) &id_number [0]);
52 pthread_create (&t_id[1], NULL , (void *) &controller , (void *) &id_number [1]);
53

54 while (1) {
55

56

57 pthread_join(t_id[0], NULL);
58 pthread_join(t_id[1], NULL);
59 }
60 return 0;
61 }
62

63 void player_filter (void * input) {
64 while (1) {
65 int id;
66 id = *((int *) input);
67

68 // input_buffer[n] = record_reference (fs, n);
69

70 printf("Thread %d: Waiting to enter critical region of input_buffer ...\n", id);
71 sem_wait (& SHARED_VARS);
72 testcounter ++;
73 printf("Thread %d: write_input_buffer (); testcounter =

%d\n\n", id , testcounter);
74 read_file_to_buffer ();



6.1. THREAD TEST CODE 29

75 sem_post (& SHARED_VARS);
76

77 printf("Thread %d: Waiting to enter critical region of coefficients ...\n", id);
78 sem_wait (& SHARED_VARS);
79 testcounter ++;
80 printf("Thread %d: read_new_filter_coefficients (); testcounter = %d

\n\n", id, testcounter);
81 sem_post (& SHARED_VARS);
82

83 // apply_output_filter ( coeffiecents );
84 }
85 }
86

87 void controller (void * input) {
88 while (1) {
89 int id;
90 id = *((int *) input);
91 float ref_buffer[BUF_SIZE ];
92

93 printf("Thread %d: Waiting to enter critical region of input_buffer ...\n", id);
94 sem_wait (& SHARED_VARS);
95 testcounter ++;
96 printf("Thread %d: ref_buffer = read_input_buffer (); testcounter =

%d\n\n", id , testcounter);
97 int i;
98 for (i = 0; i < BUF_SIZE; ++i) {
99 ref_buffer[i] = input_buffer[i];

100 }
101 sem_post (& SHARED_VARS);
102

103 // mic_buffer = read_mic ();
104 // align_buffers_in_time ();
105 // filter_both_signals ();
106 // ref_RMS_value = calcualate_mean_for_ref ();
107 float RMS_value_ref = calculate_RMS (ref_buffer);
108 // mean_value_mic = calcualate_mean_for_mic ();
109 // correction_coefficients = compare_mean_magnitudes(ref_RMS_value , mean_value_mic);
110

111 printf("Thread %d: Waiting to enter critical region of coefficients ...\n", id);
112 sem_wait (& SHARED_VARS);
113 testcounter ++;
114 printf("Thread %d: write_coefficients (); testcounter = %d

\n\n", id, testcounter);
115 sem_post (& SHARED_VARS);
116 }
117 }
118

119 void read_file_to_buffer () {
120 FILE *dataFile;
121 dataFile = fopen("signal.dat", "r");
122 float readBuffer;
123

124 int cnt = 0;
125 while (fscanf(dataFile , "%e", &readBuffer) != EOF) {
126 input_buffer[cnt] = readBuffer;
127 cnt ++;
128 }
129 fclose(dataFile);
130 }
131

132 float calculate_RMS (float * data_buffer) {
133 int i;
134 float squared_sum , data_RMS;
135 for ( i = 0 ; i < BUF_SIZE ; i++ ) {
136 squared_sum += data_buffer[i] * data_buffer[i];
137 }
138 data_RMS = squared_sum / BUF_SIZE;
139 data_RMS = sqrt(data_RMS);
140 return data_RMS;
141 }
142

143 void lp_filter (float * data_buffer) {
144 int i;
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145 float a = 0.8825 , b = 0.1250;
146 float y, y_old = 0;
147 for (i = 0; i < BUF_SIZE; ++i) {
148 y = a*y_old + b*data_buffer[i];
149 y_old = y;
150 }
151 }

Listing 6.1: preliminary multithread code for testing of data flow

A main program flow has been developed and implemented in a main test code. This
version is used for debugging the data flow of the threads. Furthermore it contains the
complete structure that can be used to initalize the development of a main program. In the
following chapter the development of the audio interface for the main program is carried
out.



7 Audio Interface

This chapter will document the development of the audio interface for the Base Station
which is done in ALSA. The development of the audio interface is done in parallel with the
development of the main program, Section 6, and the band pass filter library, Section 8.1.
In order to do the independent development of the audio interface a simple low pass filter
is developed as well.

Since the Base Station is running Linux, it has been chosen to use the Advanced Linux Sound Archi-
tecture(ALSA) Application Programming Interface (API) to control the audio input and output flow.

ALSA consists of multiple kernel drivers, some utility programs and API. ALSA API provides low-
level audio control functions for best control and performance. Also ALSA is restricted to running on a
Linux kernel. ALSA has plugins, which allows extension to new devices and can be implemented entirely
in software.

ALSA architecture consists of 6 interfaces:

• Control interface
• Pulse Code Modulation (PCM) interface
• Raw MIDI interface
• Timer interface
• Sequencer interface
• Mixer interface

For development of the Self Adjusting Loudspeaker System, the audio interfacing system will be
developed with help of PCM interface. More information on PCM interface can be found in Section 7.0.1.

Devices in API library can be accessed with help of logical names rather then Linux device files.
Format of hardware devices defined as hw:i,j, where i is the card number and j is device on the chosen
card. For example, if you want info on your laptops sound card, it can be found by writing aplay -l for
info on playback devices and arecord -l for info on recording devices in Linux console. The output can
look as seen in Listing 7.1

aplay -l
**** List of PLAYBACK Hardware Devices ****
card 0: Intel [HDA Intel], device 0: ALC269 Analog [ALC269 Analog]

Subdevices: 0/1
Subdevice #0: subdevice #0

arecord -l
**** List of CAPTURE Hardware Devices ****
card 0: Intel [HDA Intel], device 0: ALC269 Analog [ALC269 Analog]

Subdevices: 1/1
Subdevice #0: subdevice #0

Listing 7.1: Info on Intel laptop sound card

As can be seen in Listing 7.1 the Intel [HDA Intel] card have a device and two sub-devices. So if is
necessary to access an analog playback device on the first sound card, one can do it by loading a sound
card 0 and device 0, as hw:0,0. The device 0 have two sub-devices for playback and for recording, as it
can be seen in Listing 7.1 playback sub-device have number 0 and record sub-device have number 1.

31
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7.0.1 PCM Interface

PCM is a digital representation of an analog signal. The digital representation of this analog signal takes
multiple samples of the amplitude. The samples are taken at a regular interval and the analog data samples
are changed to binary data. The samples are very dependent on time, which means that an accurate clock
is necessary. If the encoding or decoding clock is not stable, the frequency drift of the unstable clock will
have consequences for the output quality of the device. This does not mean that a little difference between
the encoding and decoding clock will be a major error. But if the clock is not stable, it will be a larger
issue, since a drifting clock will cause distortion in, for example, audio signals.

PCM is used in ALSA as digital audio signal, so generally it can be said that the PCM interface is
used to process the recorded analog audio to a digital signal, which can be stored and then reconverted
for later use, if that is what the user wants.

7.1 Code
The following sections will contain explanations to the three programs playback.c, capture.c and
capture_playback.c. A typical program that uses ALSA PCM interface can be written by a pseudo
code of this sort:

• Open interface for capture or playback
• Allocate space for hardware parameters
• Set hardware parameters
• Write hardware parameters
• Prepare interface for playback/capture
• Free hardware parameters space
• Read or write PCM data to the interface in the loop

All of these functions have been written in the library mypcm.h.
The overview of the library can be seen on the Listing 7.2. It consists of the ALSA PCM functions

with error handling.
1 #include <alsa/asoundlib.h>
2

3 #define PCM_DEVICE "plughw :0,0"
4

5

6 /**
7 * Open the PCM device in playback mode
8 * and writes errror if device
9 * @param ** pcm_handle handle to pcm

10 * @param *card audio card to play to
11 * @param stream Wanted stream
12 * @param mode Open mode
13 */
14 void open_pcm (snd_pcm_t ** pcm_handle ,
15 char *card ,
16 snd_pcm_stream_t stream ,
17 int mode)
18 {
19 unsigned int pcm;
20 pcm = snd_pcm_open(pcm_handle ,card , stream , 0);
21 if (pcm < 0)
22 {
23 printf("ERROR: Can’t open \"%s\" PCM device. %s\n",
24 card , snd_strerror(pcm));
25 exit (1);
26 }
27

28 }
29

30

31 /**
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32 * Restrict a configuration space to contain only
33 * one access type
34 * and writes an error if interleaved mode can’t be set
35 * @param ** pcm_handle handle to pcm
36 * @param *params configuration space
37 */
38 void set_access (snd_pcm_t *pcm_handle ,
39 snd_pcm_hw_params_t *params)
40 {
41 unsigned int pcm;
42 pcm = snd_pcm_hw_params_set_access(pcm_handle , params ,
43 SND_PCM_ACCESS_RW_INTERLEAVED);
44 if (pcm < 0)
45 {
46 printf("ERROR: Can’t set interleaved mode. %s\n",
47 snd_strerror(pcm));
48 exit (1);
49 }
50 }
51

52 /**
53 * Restrict a configuration space to contain only one format
54 * and writes an error if format can’t be set
55 * @param ** pcm_handle handle to pcm
56 * @param *params configuration space
57 */
58 void set_format (snd_pcm_t *pcm_handle ,
59 snd_pcm_hw_params_t *params)
60 {
61 unsigned int pcm;
62 pcm = snd_pcm_hw_params_set_format(pcm_handle , params ,
63 SND_PCM_FORMAT_S16_LE);
64 if (pcm < 0)
65 {
66 printf("ERROR: Can’t set format. %s\n",
67 snd_strerror(pcm));
68 exit (1);
69 }
70 }
71

72

73 /**
74 * Restrict a configuration space to one channels count
75 * and writes an error if channels number can’t be set
76 * @param ** pcm_handle handle to pcm
77 * @param *params configuration space
78 * @param channels channels count
79 */
80 void set_channels(snd_pcm_t *pcm_handle ,
81 snd_pcm_hw_params_t *params ,
82 int channels)
83 {
84 unsigned int pcm;
85 pcm = snd_pcm_hw_params_set_channels(pcm_handle , params , channels);
86 if (pcm < 0)
87 {
88 printf("ERROR: Can’t set channels number. %s\n",
89 snd_strerror(pcm));
90 exit (1);
91 }
92 }
93

94

95 /**
96 * Restrict a configuration space to contatin only one rate
97 * and writes an error if rate can’t be set
98 * @param ** pcm_handle handle to pcm
99 * @param *params configuration space

100 * @param rate approximate rate
101 */
102 void set_rate(snd_pcm_t *pcm_handle ,
103 snd_pcm_hw_params_t *params ,
104 int rate)
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105 {
106 unsigned int pcm;
107 pcm = snd_pcm_hw_params_set_rate(pcm_handle , params , rate , 0);
108 if (pcm < 0)
109 {
110 printf("ERROR: Can’t set rate. %s\n",
111 snd_strerror(pcm));
112 exit (1);
113 }
114 }
115

116

117 /**
118 * Set hardware parameters
119 * and writes an errors if parameters can’t be set
120 * @param ** pcm_handle handle to pcm
121 * @param *params configuration space
122 * @param channels channels count
123 * @param rate approximate rate
124 */
125 void set_params(snd_pcm_t *pcm_handle ,
126 snd_pcm_hw_params_t *params ,
127 int channels ,
128 int rate)
129 {
130 set_access(pcm_handle ,params);
131 set_format(pcm_handle ,params);
132 set_channels(pcm_handle ,params ,channels);
133 set_rate(pcm_handle ,params ,rate);
134 }
135

136

137 /**
138 * Write hardware parameters
139 * and writes an error if hardware parameters can’t be set
140 * @param *pcm_handle handle to the pcm
141 * @param *params configuration space
142 */
143 void write_params(snd_pcm_t *pcm_handle ,
144 snd_pcm_hw_params_t *params)
145 {
146 unsigned int pcm;
147 pcm = snd_pcm_hw_params(pcm_handle , params);
148 if (pcm < 0)
149 {
150 printf("ERROR: Can’t set harware parameters. %s\n",
151 snd_strerror(pcm));
152 exit (1);
153 }
154 }
155 /**
156 * Prepair audio interface for use
157 * and writes an error if it can’t be prepaired
158 * @param *pcm_handle handle to the pcm
159 */
160 void prepair_interface(snd_pcm_t *pcm_handle)
161 {
162 unsigned int pcm;
163 pcm = snd_pcm_prepare (pcm_handle);
164 if (pcm < 0)
165 {
166 fprintf (stderr , "cannot prepare audio interface for use (%s)\n",
167 snd_strerror (pcm));
168 exit (1);
169 }
170 }
171

172

173 /**
174 * Extracts period time from a configuration space
175 * and writes an error if period time can’t be extracted
176 * @param *params configuration space
177 * @return tmp approximate period duration
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178 */
179 unsigned int get_period_time(snd_pcm_hw_params_t *params)
180 {
181 unsigned int tmp ,pcm;
182 pcm = snd_pcm_hw_params_get_period_time(params , &tmp , NULL);
183 if (pcm < 0)
184 {
185 printf("ERROR: Can’t extract maximum period time.%s\n",
186 snd_strerror(pcm));
187 exit (1);
188 }
189 return tmp;
190 }
191

192 /**
193 * Write contents of a buffer to the PCM
194 * write error when unable to write to PCM device
195 * @param ** pcm_handle handle to playback
196 * @param frames period size
197 * @param *buffer pointer to buffer
198 * @param buff_size size of the buffer
199 */
200 void play(snd_pcm_t *pcm_handle ,
201 signed short *buff ,
202 int buffer_size)
203 {
204 unsigned int pcm;
205 pcm = snd_pcm_writei(pcm_handle , buff , buffer_size);
206 if (pcm == -EPIPE)
207 {
208 printf("ERROR: an underrun occured\n");
209 snd_pcm_prepare(pcm_handle);
210 }
211 else if (pcm < 0)
212 {
213 printf("ERROR. Can’t write to PCM device. %s\n",
214 snd_strerror(pcm));
215 exit (1);
216 }
217

218 }
219

220

221 /**
222 * Reading from audio card to the buffer
223 * write errors too
224 * @param ** pcm_handle handle to playback
225 * @param frames period size
226 * @param period length of period
227 * @param *buffer pointer to buffer
228 * @param buff_size size of the buffer
229 */
230 void record(snd_pcm_t *pcm_handle ,
231 signed short *buff ,
232 snd_pcm_uframes_t frames)
233

234 {
235 unsigned int pcm;
236 pcm = snd_pcm_readi (pcm_handle , buff , frames);
237 if (pcm != frames)
238 {
239 fprintf (stderr , "ERROR: read from audio interface failed (%s)\n",
240 snd_strerror (pcm));
241 exit (1);
242 }
243 if (pcm == -EBADFD)
244 {
245 fprintf (stderr , "ERROR: PCM is not in the right state (%s)\n",
246 snd_strerror (pcm));
247 exit (1);
248 }
249 if (pcm == -EPIPE)
250 {
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251 fprintf (stderr , "ERROR: an overrun occured (%s)\n",
252 snd_strerror (pcm));
253 exit (1);
254 }
255 if (pcm == -ESTRPIPE)
256 {
257 fprintf (stderr , "ERROR: a suspend event occured (%s)\n",
258 snd_strerror (pcm));
259 exit (1);
260 }
261 }
262

263 /**
264 * Reading from audio card to the buffer
265 * write errors too
266 * @param ** pcm_handle handle to playback
267 * @param frames period size
268 * @param period length of period
269 * @param *buffer pointer to buffer
270 * @param buff_size size of the buffer
271 */
272 void record_2_channels(snd_pcm_t *pcm_handle ,
273 signed short **bufs ,
274 snd_pcm_uframes_t frames)
275

276 {
277 unsigned int pcm;
278 pcm = snd_pcm_readn (pcm_handle , (void **)bufs , frames);
279 if (pcm != frames)
280 {
281 fprintf (stderr , "ERROR: read from audio interface failed (%s)\n",
282 snd_strerror (pcm));
283 exit (1);
284 }
285 if (pcm == -EBADFD)
286 {
287 fprintf (stderr , "ERROR: PCM is not in the right state (%s)\n",
288 snd_strerror (pcm));
289 exit (1);
290 }
291 if (pcm == -EPIPE)
292 {
293 fprintf (stderr , "ERROR: an overrun occured (%s)\n",
294 snd_strerror (pcm));
295 exit (1);
296 }
297 if (pcm == -ESTRPIPE)
298 {
299 fprintf (stderr , "ERROR: a suspend event occured (%s)\n",
300 snd_strerror (pcm));
301 exit (1);
302 }
303 }

Listing 7.2: PCM interface library

The ALSA PCM interface setup can be seen on the Listing 7.3 which is corresponding to the bullet
list shown above.

1 open_pcm (& capture_handle ,PCM_DEVICE ,SND_PCM_STREAM_CAPTURE ,0);
2 snd_pcm_hw_params_malloc (& params);
3 snd_pcm_hw_params_any (capture_handle , params);
4 set_params(capture_handle ,params ,CHANNELS ,RATE);
5 write_params(capture_handle ,params);
6 prepare_interface(capture_handle);
7 snd_pcm_hw_params_free (params);

Listing 7.3: ALSA PCM setup
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7.1.1 playback.c

This program is designed to read contents of a wave file to the buffer and then play buffer with a chosen
PCM device. At the beginning the interface is opened for playback, afterwards some hardware parameters
are set; buf, buf_size, *playback_handle, etc. Some parameters are user defined, to set the amount of
seconds playback.c should run etc., as seen in Listing 7.4.

1 rate = atoi(argv [1]);
2 channels = atoi(argv [2]);
3 seconds = atoi(argv [3]);

Listing 7.4: User set parameters

While there is PCM data to be processed, PCM data will be written from the buffer. After all the
PCM data have been processed the interface will shut down.

As shown on the Listing 7.5 first the number of frames has been read from the PCM parameters, then
period has been found and then for-loop loop runs for chosen number of seconds.

1 snd_pcm_hw_params_get_period_size(params , &frames , 0);
2 period =( float) get_period_time(params);
3 snd_pcm_hw_params_free(params);
4

5 for (i = (seconds * 1000000) / period; i > 0; i--)
6 {
7 read(0,buf ,SIZE2);
8 play(playback_handle ,buf ,frames);
9 }

Listing 7.5: main playback loop

7.1.2 capture.c

The capture.c program is designed to capture PCM data and store it in a buffer. When the interface is
started some hardware parameters will be set; buf, *capture_handle and *params. As seen in Listing 7.6
a for-loop is running forever until the user suspends the program and PCM data samples will be stored in
the buffer. Then the buffer content is written to the file or on the screen.

1 for (;;)
2 {
3 record(capture_handle ,buf ,SIZE);
4 for (i=0; i < SIZE; ++i)
5 printf ("%d\n",buf[i]);
6 }

Listing 7.6: For loop capturing LOOP number of samples from the PCM interface and writing them into the buffer buf

7.1.3 capture_playback.c

The capture_playback.c program is a combination of playback.c and capture.c, which means this
program will both capture and playback PCM data. As the two previous programs, some hardware
parameters will be declared when the program starts; buf, *capture_handle, *playback_params, etc. As
in the capture.c program, the PCM data will be progressed through a for loop, as seen in Listing 7.8. The
difference in the for loop is that a play() function have been added. As it says, this plays the captured
PCM data each time the loop is run. Also, there has been made two handles—one for playback and one for
capture—and they have been prepared as shown on the Listing 7.7, it’s basically the Listing 7.3 duplicated
one time for the other handle.

1 open_pcm (& capture_handle ,PCM_DEVICE ,SND_PCM_STREAM_CAPTURE ,0);
2 open_pcm (& playback_handle ,PCM_DEVICE ,SND_PCM_STREAM_PLAYBACK ,0);
3 // -----------------------------------------------------
4 snd_pcm_hw_params_malloc (& playback_params);
5 snd_pcm_hw_params_malloc (& capture_params);
6 // ----------------------------------------------------
7 snd_pcm_hw_params_any (playback_handle , playback_params);
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8 snd_pcm_hw_params_any (capture_handle , capture_params);
9 // ----------------------------------------------------

10 set_params(playback_handle ,playback_params ,CHANNELS ,RATE);
11 set_params(capture_handle ,capture_params ,CHANNELS ,RATE);
12 // ----------------------------------------------------
13 write_params(playback_handle ,playback_params);
14 write_params(capture_handle ,capture_params);
15 // ----------------------------------------------------
16 prepare_interface(capture_handle);
17 prepare_interface(playback_handle);
18 // ----------------------------------------------------
19 snd_pcm_hw_params_free (playback_params);
20 snd_pcm_hw_params_free (capture_params);

Listing 7.7: PCM interface setup for playback and capture

1 for (; ; )
2 {
3 record(capture_handle ,buf ,SIZE);
4 play(playback_handle ,buf ,SIZE);
5 }

Listing 7.8: For loop determining how many samples will be aptured

7.2 Low Pass Filter
To test the capture and playback part through a filter, we start out by designing a simple digital filter.
The theory and literature used to design such a filter is taken from [19].

In order to design a simple digital filter a first order digital low pass Butterworth filter is chosen with
a cutoff frequency at 1 kHz and a sampling frequency of 44,1 kHz.

7.2.1 Design of Low Pass Filter

The first order filter is consists of a resistor in series with a capacitor see Figure 7.2

Figure 7.1: Digital low pass Butterworth filter

The standard transfer function for a first order filter can be written as follows Equation 7.8:
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The b and a coefficients can be calculated as Equation 7.9:
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To design the first order filter, the value of either the capacitor or the resistor have to be chosen in
order to calculate the other component and the a and b coefficients. So first of the resistor is chosen to
have the value of 1 kΩ and then the capacitor can be calculated from the following Equation 7.11:

C =

1

2⇡Rf
c

=

1

2⇡ · 1E3 · 1E3
= 159,16 nF

(7.4)

Now that we now the values of C, R and T , the a and b coefficients can be calculated using the
previous Equations 7.9:

b =
T
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=

22,67E�6

1E3 · 159,16E�9

= 0,142

(7.5)
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The transfer function H(z) can now be written as follows 7.13:

H(z) =
Y (z)

X(z)
=

0,142

1� 0,867 · z�1
(7.7)

H(z) can now be implemented in the capture playback C code, by writing the transfer function as a
differential equation.

7.2.2 Low Pass Implementation

In the following the low pass filter is implemented in the capture playback C code. Line 9 shows the
differential equation for the transfer function H(z) (Eq. 7.10):

1 void lp_filter(signed short *input_buf , signed short *output_buf ,float gain)
2 {
3 int i;
4 float a = 0.86709;
5 float b = 0.14261;
6 float old_output = 0;
7 for (i = 0; i < SIZE; ++i)
8 {
9 output_buf[i] = gain*(a * old_output + b * input_buf[i]);

10 old_output =( signed short)output_buf[i];
11 }
12 }

Listing 7.9: low pass filter implementation

The differential equation in the code The filter is run in a for loop at SIZE times which indicate the
buffer size. The USB sound card used, is a 16 bit digital sound card and therefore the variables type for
the input and output buffer is chosen to be a 16 bit short.

7.3 Low Pass Filter
To test the capture and playback part through a filter, we start out by designing a simple digital filter
[19]. In order to design a simple digital filter a first order digital low pass Butterworth filter is chosen
with a cutoff frequency at 1 kHz and a sampling frequency of 44,1 kHz. The procedure is to first design
an analog filter and then convert it into a digital filter.
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7.3.1 Design of Low Pass Filter

The first order filter consists of a resistor in series with a capacitor shown in Figure 7.2

Figure 7.2: Digital low pass Butterworth filter

The standard transfer function for a first order filter can be written as follows Equation 7.8:

H(z) =
Y (z)

X(z)
=

b

1� az�1
(7.8)

The b and a coefficients can be calculated as Equation 7.9:

b =
T
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a = e
�T
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where
T =
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To design the first order filter, the value of either capacitor or resistor have to be chosen in order to
calculate the other component and the a and b coefficients. So first of the resistor is chosen to have the
value of 1 kΩ and then the capacitor can be calculated from the following Equation 7.11:

C =

1

2⇡Rf
c

=

1

2⇡ · 1E3 · 1E3
= 159,16 nF

(7.11)

Now that we know the values of C, R and T , the a and b coefficients can be calculated using the
previous Equations 7.9:
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T
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The transfer function H(z) can now be written as follows 7.13:

H(z) =
Y (z)

X(z)
=

0,142

1� 0,867 · z�1
(7.13)

H(z) can now be implemented in the capture playback C code, by writing the transfer function as a
difference equation.
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7.3.2 Low Pass Implementation

In the following the low pass filter is implemented in the capture playback C code. Line 9 shows the
difference equation for the transfer function H(z) (Eq. 7.10):

1 void lp_filter(signed short *input_buf , signed short *output_buf ,float gain)
2 {
3 int i;
4 float a = 0.86709;
5 float b = 0.14261;
6 float old_output = 0;
7 for (i = 0; i < SIZE; ++i)
8 {
9 output_buf[i] = gain*(a * old_output + b * input_buf[i]);

10 old_output =( signed short)output_buf[i];
11 }
12 }

Listing 7.10: low pass filter implementation

The difference equation in the code The filter is executed in a for loop at SIZE times which indicate
the buffer size. The USB sound card used, is a 16 bit and therefore the variables type for the input and
output buffer is chosen to be a 16 bit short.

7.4 Test of ALSA PCM Interface With a Filter
This section documents the implementation and different tests of the simple filter designed in Section 7.3
with ALSA PCM interface. Implementation can be divided into three steps:

1. Implement a filter with a capture program
2. implement a filter with a playback program
3. implement a filter with a capture_playback program

When this is finished it will be possible to move these programs into the main_program which is imple-
mented with multi-threaded processes. To test if the filter is working it is chosen to use a simple finger
click sound, which has been recorded by the program and then plotted with help of MATLAB.

Capture Program The implementation of the program can be seen in Listing 7.11. The filter is applied
to the buffer buf and the output of the filter goes to the buffer out_buf. Data from both buffers are
printed to a comma separated file and plotted by use of MATLAB. The last argument of the function
lp_filter() is a gain which can be changed as necessary.

1 for (;;)
2 {
3 record(capture_handle ,buf ,SIZE);
4 lp_filter(buf ,out_buf ,1);
5 for (i=0; i < SIZE; ++i)
6 printf ("%d,%d\n",buf[i],out_buf[i]);
7 }

Listing 7.11: Main-loop

In the first test the gain factor is set to 0,5 and in the function lp_filter() some code from the
filter code has been commented out, so only a simple gain is applied. This is done by multiplying all the
samples by 0,5, which is shown in the Figure 7.3.

In the second test the LP-filter has been applied with a gain factor of 0 dB or 1, which can be seen
on Figure 7.4. It looks like some of the frequencies are attenuated more than others and the signal looks
more clean and is without high frequency noise.

In the final test, the filter with a gain factor of 0,5 has been applied, and as expected all signal from
0Hz to 1000Hz has been attenuated by factor of 0,5 but frequencies below 1000Hz have been attenuated
even more than in the previous example because of low pass filter characteristics. The result of this test
can be seen on Figure 7.5
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Figure 7.3: A simple gain factor of 0,5 applied on every sample of the PCM data
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Figure 7.4: Filter applied with a gain of 1 on the PCM data

Playback Program The implementation of the program can be seen in Listing 7.12. The filter is applied
to the buffer start_buf and it’s output goes to the buffer buf. Data from both buffers are printed to a
comma separated file and then plotted in MATLAB. The last argument of the function lp_filter() is a
gain which can be changed as necessary. Before the filter is run on the input, read data has been copied
to the start_buf. After the data is recorded to the text file, the function play() plays the contents of
the buffer buf which is then output from the filter function.
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Figure 7.5: Filter applied with a gain of 0,5 on the PCM data

1 for (i = (seconds * 1000000) / period; i > 0; i--)
2 {
3 read(0,buf ,SIZE2);
4

5 for (k=0; k < SIZE2; ++k)
6 start_buf[k]=buf[k];
7

8 lp_filter(start_buf ,buf ,1);
9

10 for (k=0; k < SIZE2; ++k)
11 printf ("%d,%d\n",start_buf[k],buf[k]);
12

13 play(playback_handle ,buf ,frames);
14 }

Listing 7.12: for-loop in the main function of the program

In first test the gain factor is at 0,5 and in the function lp_filter() some of the filter code has been
commented and simple gain equation has been applied.It is multiplying all the samples by 0,5, which can
be seen on the Figure 7.6.

In the second test the real filter has been applied with a gain factor of 0 dB or 1, which can be seen
on Figure 7.7. It looks like some of the frequencies are attenuated more than others and the signal looks
more clean and is without high frequency noise.

In the last test filter with a gain factor of 0,5 has been applied, and as expected all signals from 0Hz
to 1000Hz have been attenuated by factor of 0,5 but frequency below 1000Hz attenuated even more than
in the previous example because of low pass filter characteristics. The result of the test can be seen on
Figure 7.8

capture_playback Program To test the capture_playback program it is chosen to use a frequency ana-
lyzer, which makes a sine sweep over the span of frequencies and it plots the magnitude and phase result.
Laptop with the playback_capture program with a filter connected to the frequency analyzer. The result
can be seen on Figure 7.9. As it can be seen the frequency response has ripple in both stop band and
pass band. Later it was found out that the ripple came from an internal microphone amplifier with an
automatic gain controller. This is why it was chosen to use an external sound card, which has a line input
(without automatic gain controller).

It can be seen on the Figure 7.10 frequency response of the filter looks much better and cleaner, but
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Figure 7.6: A simple gain factor of 0,5 applied on every sample of the PCM data
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Figure 7.7: Filter applied with a gain of 1 on the PCM data

it looks like some signals at approximate 120Hz amplified more.
On the Figure 7.11 a response of the filter with a gain factor of 0,5 can be seen. It is seen that the

gain is dropping approximately of 22 dB, which makes the noise more significant in the frequency response
plot.

The audio interface is developed and tested with the low pass filter and is now ready
to be implemented and tested with the band pass filter library of Section 8.1 and the main
program of Section 6. In the following chapter the development of the all the filters follows.
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Figure 7.8: Filter applied with a gain of 0,5 on the PCM data
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Figure 7.9: Frequency response of a capture_playback program with a filter running on the laptop sound card
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Figure 7.10: Frequency response of a capture_playback program with a filter and gain factor of 1
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Figure 7.11: Frequency response of a capture_playback program with a filter and gain factor of 0,5



8 Filters

8.1 Band Pass Design
The purpose of this section is to develop the band pass filters which is defined in the require-
ment specification. It has been specified to develop third octave bands from 1 kHz down to
40Hz, which is compliant with the standard as investigated further in Section 2.5.

Center Frequency 1 [Hz] Center Frequency 2 [Hz] Center Frequency 3 [Hz]

1000 794 630

500 397 315

250 198 158

125 99 79

62,50 50 39

Table 8.1: The center frequencies for one third octave bands, due to the DS/EN 61260 standard. (These values are rounded off to no
decimals here.)

The exact center frequencies are defined in Equation 2.1, which yields the center frequencies to be
designed from a reference of 1 kHz with proportions as described in Equation 8.1, where x is a band index
referenced to 1 kHz. The desired center frequencies are showed in Table 8.1.

fcenter = 2

�x

3 · 1 kHz (8.1)

These filter bands will be attached in parallel. The requirements from Section 4.4.2, is summarized to:
• Maximum pass band ripple: 0,5 dB.
• The band pass filters are of Class 2 (see Figure 2.5).
• The frequency range 40Hz–1 kHz, should be covered by 1/3 octave bands.

In the following these digital filters will be developed. Documentation in this chapter shows how the design
procedure is derived and carried out.

8.2 Choices of Design
The filter analysis, Section 2.5, has shown that a sixth order Butterworth band pass filter will be ap-
propriate for the design. All the filters are implemented on the ARM processor, as software, where the
implementation choices is between an IIR or FIR filter. It is chosen to design the IIR, due to the calcula-
tion efficiency, because it requires lower order than the FIR. The IIR has the property of non-linear phase,
which leads to the risk of instability due to the feedback loop. The most important aspect is the efficiency
in respect to the real time analysis—therefore the choice falls on the IIR filter design.

The general procedure is to
1. Develop an analog LP-filter prototype in the laplace domain.
2. Transform it to BP-filter.
3. Transform it to the Z-domain by a method such as the impulse invariant or the bilinear method.

The impulse invariant method will cause aliasing, which is not accepted in the respect. The bilinear
method causes no aliasing, but some amount of distorted frequency response. Appropriately, most of this
can be fixed by pre-warping the critical frequencies. Therefore the bilinear method will be applied.

47
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8.3 Design Application

Low Pass Design
The Butterworth LP-filter prototype may analytically be described in the normalized domain, as a squared
magnitude function:

|H(j!)|2 = 1

1 +

⇣
!

!

c

⌘2N

��������
!

c

=1

=

1

1 + !2N
(8.2)

where

• ! is the frequency variable.
• !

c

is the cut off frequency.
• N is the filter order.

To be able to optimize with respect to the filter order, the expression of the necessary order can be defined
from deriving the attenuation ↵, from the Butterworth gain in Equation 8.2.

10 log (|H(j!)|2) = �10 log (1 + !2N
) ) ↵

dB
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↵
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The ratio between the stop band and the pass band edges will express the filter order, so we put up the
ratio.
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where

• !
s

is the stop band frequency.
• !

p

is the pass band frequency.
• ↵

s,dB

is the stop band attenuation.
• ↵

p,dB

is the pass band attenuation.

Pole Location
The poles of the Butterworth LP-filter are to be derived from the denominator zeroes of the expression
|H(j!)|2, and because s = j! it follows that ! = s/j.

1 + !2N |
!= s

j

= 0 )
 
s2

j2

!
N = �1 ) (�s2)N = �1 = ej⇡

and by all the rotations around the unit circle, with k as the counter.

(�s2)N
k

= ej⇡+j2⇡k ) s
k

= exp

 
j

✓
⇡ + 2⇡k

2N
� ⇡

2

◆!

For the third order LP there are 2N equally distributed poles on the unit circle. Due to stability it is only
the ones in the left half plane which is of interest. These poles are then calculated from k = N + 1 to 2N
For the third order filter these are located in

s3 = �1

2

+ j

p
3

2

s4 = �1

s5 = �1

2

� j

p
3

2
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Because the poles always come in conjugate pairs (if they are not in 1), They can be put on the standard
form for second order polynomials as follows:

1

(s+ s3)(s+ s4)(s+ s5)
=

1

(s+ s4)(s2 + 2Re{s3}s+ |s3|2)
=

1

(s� 1)

✓
s2 + 2(�1

2)s+

q
(

1
2)

2
+ (

p
3
2 )

2

◆

The analog Butterworth 3rd order low pass prototype is finally defined.

H(s) =
1

(s+ 1)(s2 + s+ 1)

(8.3)

Band Pass Transformation
Now that the LP prototype has been defined, the band pass prototype will be developed . This is carried
out by transforming the LP with a substitution of the s variable.

H(s) =
1

(s+ 1)(s2 + s+ 1)

����
s=

S

2+⌦2
0

BWS

=

1

⇣
S

2+⌦2
0
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+ 1

⌘✓⇣
S
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S
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◆

H(S) =
BW3S3

(S2
+ ⌦

2
0 + BWS)(S4

+ ⌦

4
0 + 2⌦

2
0S

2
+ BWS3

+ BW⌦

2
0S + BW2S2

)

where
• ⌦0 is the center frequency.
• BW is the bandwidth.
• S is the frequency variable.

By expanding the denominator and substituting the coefficients, the Butterworth band pass polynomium
is derived.

H(S) =
BW3S3

aS6
+ bS5

+ cS4
+ dS3

+ eS2
+ fS1

+ g
(8.4)

where
• a = 1

• b = 2BW
• c = (2⌦

2
0 + BW2

) + BW2
+ ⌦

2
0

• d = BW⌦

2
0 + BW(2⌦

2
0 + BW2

) + BW⌦

2
0

• e = BW2
⌦

2
0 + ⌦

4
0 + (2⌦

2
0 + BW2

)⌦

2
0

• f = 2BW⌦

4
0

• g = ⌦

6
0

The design procedure in the analog domain can then be carried out by applying the algorithms that is
defined in the filter analysis Section 2.5, Equation 2.1 and 2.2, which is shown by an example of calculation
of the 794Hz band here.

⌦0 = 2

�1
3
1 kHz · 2⇡ = 794Hz · 2⇡ = 5000 rad/s

BW = ⌦upper � ⌦lower = 5000(2

1
6 � 2

�1
6
) = 1155 rad/s

The approval of this design is done by designing a MATLAB code containing a for-loop, which plots the
desired filters, by using the specified algorithm. Figure 8.1 shows the resulting filters. The MATLAB code
is found on the CD.

/Source code/filter_analysis/filters_3rd_order_20_20kHz.m

It is now shown the analog straight forward procedure of band pass design. When moving to the digital
domain some precautions have to be taken. Frequency deviations occur when using the bilinear transfor-
mation. This will be described in the following.
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Figure 8.1: The analog design of the specified filters.

Bilinear Transformation
By having a system in the s-domain (s = j!), which is desired to map into the z-domain (z = ej!), there
will firstly be a short definiton of the link between the two domains.

z = ej! = ejTs

⌦
= ejTs

(⌦/j)
= eTs

s ) ln(z) = ln(eTs

s

) ) s =
ln(z)

T
s

where

• ⌦ is the analog frequency variable.
• ! is the digital frequency variable.
• T

s

is the sample period.

From this relationship, it is shown that the s-domain system, is represented in z-domain by the natural
logarithm dividided by the sample period. Therefore the bilinear transformation is a Taylor approximation
of the natural logarithm of z divided by T

s

. The bilinear transformation consists of only the first term in
the Taylor polynomial, which is showed in Equation 8.5.

s =
2

T
s

· z � 1

z + 1

=

2

T
s

· 1� z�1

1 + z�1
(8.5)

The bilinear transformation maps the frequencies from �1 < ⌦ < 1 to �⇡ < ! < ⇡. It preserves stability
from the left half-plane to the interior of the unit circle. Due to the non-linearity of this transformation a
pre-warping of the critical frequencies is neccesary before the transformation is carried out. The non-linear
relation between the analog and digital frequencies is expressed as.

⌦ =

2

T
s

tan

✓
!

2

◆
(8.6)

Therefore, when designing the specified filter bands, the critical edge frequencies must be pre-warped and
then used for defining the z-domain center frequency by first transforming these into the normalized digital
domain.

!lower = 2

�1/6 · ⌦0

f
s

^ !upper = 2

1/6 · ⌦0

f
s

[rad/sample]

The lower and upper edge frequencies can now be pre-warped.

⌦lower-prewarp =

2

T
s

· tan
✓
!lower

2

◆
^ ⌦upper-prewarp =

2

T
s

· tan
✓
!upper

2

◆
[rad/s]
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These pre-warped edge frequencies are then inserted in the expression for the center frequency.

⌦0-prewarp =

p
⌦lower-prewarp · ⌦upper-prewarp

And the pre-warped bandwidth is calculated.

BWprewarp = ⌦upper-prewarp � ⌦lower-prewarp

Finally the pre-warped center frequency and bandwidth will then be applied to the bilinear transformation,
showed in Equation 8.7.

H(S) =
BW3S3

aS6
+ bS5

+ cS4
+ dS3

+ eS2
+ fS1

+ g

�����
S= 2

T

S

· 1�z

�1

1+z

�1

(8.7)

where

• BW is pre-warped.
• ⌦0 is pre-warped.
• a = 1

• b = 2BW
• c = (2⌦

2
0 + BW2

) + BW2
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2
0
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4
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6
0

The approval of this design is done by designing a MATLAB code containing a for loop, which plots the
desired filters, by using the specified algorithm. Figure 8.2, shows the resulting filters. The MATLAB
code is found on the CD.

/Source code/filter_design/analog_bandpass_40_1kHz.m
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Figure 8.2: Bilinear design of the specified filters
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Pre−warped Version of BP @ 10kHz

Figure 8.3: Plot in the digital normalized domain of the pre-warped, bilinear 10 kHz band. The filter is not compliant with the standard
DS/EN 61260, when it has been bilinear transformed.

8.3.1 Coefficients for the Bilinear Transformation

In order to translate the filters to C-code, the coefficients needs to be defined. To find the coefficients in
the z-domain, the transfer function H(z) is rewritten to the desired form. By doing this, some unexpected
non-linearities appeared in the frequency response of the filters. The filters with the greatest difference to
the sample rate showed unexpected fluctuations. A plot of this is shown in Figure 8.4. Figure 8.4 shows
the analog filter, which is stable with the poles in the left half plane. When carrying out the bilinear
transformation on H(s), the poles are mapped differently dependent on the sample rate used, which is
shown in the second and third row of Figure 8.4. It should be noted that some poles are outside the unit
circle at f

s

= 44,1 kHz. The errors also appeared when using other math software than MATLAB and
plotting the amplitude response, by running a sine sweep audio file trough the difference equation of the
filter. Therefore it is chosen to continue the filter design, by utilizing the butter() function in MATLAB.
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Figure 8.4: Plot showing poles and zeroes, next to plot of amplitude versus frequency, both in S-domain and Z-domain.

8.4 Using MATLAB to Obtain Filter Coefficients
Because of the problems described in the previous section, MATLAB is used to obtain the filter coefficients.
MATLAB contains the function butter() which returns the zeros and poles for a Butterworth filter of a
certain order. To obtain zeros and poles for a 6th order band pass filter, the script in Listing 8.1 is used.

1 Fc = 1000; % Varies for the different filters.
2 Fs = 44100;
3 omLower = Fc*2^( -1/6) / (Fs/2);
4 omUpper = Fc *2^(1/6) / (Fs/2);
5

6 [z,p,k] = butter (3,[omLower ,omUpper],’bandpass ’);

Listing 8.1: MATLAB script for obtaining poles and zeros of the filters.

where

• Fc is the center frequency of the desired filter (the script needs to be run 15 times with different
values for Fc, to obtain all filter coefficients).
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• Fs is the sampling rate.
• omLower is the lower edge frequency, normalized to the Nyquist frequency (Fs/2).
• omLower is the upper edge frequency, normalized to the Nyquist frequency.
• z, p, k are the zeros, poles, and the constant term of the desired filter.

Having the zeros and poles for all 15 filters, the each filters coefficients can be found. The relation is
like the following, writing the filter as three second order parts:

H(z) = k · (z � z1)(z � z2)

(z � p1)(z � p2)
· (z � z3)(z � z4)

(z � p3)(z � p4)
· (z � z5)(z � z6)

(z � p5)(z � p6)

= k · b01 + b11z
�1

+ b21z
�2

1� a11z�1 � a21z�2
· b02 + b12z

�1
+ b22z

�2

1� a12z�1 � a22z�2
· b03 + b13z

�1
+ b23z

�2

1� a13z�1 � a23z�2

where

• b
ij

is ith zero coefficient in the jth biquad (second order system).
• a

ij

is ith pole coefficient in the jth biquad.

These coefficients are used to realize the difference equations describing each filter. The realization is
described later in Section 8.5.
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Figure 8.5: Pole zero plot of the filter with a center frequency of 125Hz. It is seen, that the zeros are very close together.

Poles and zeros that are close together should be grouped into the same biquad. Also, different noise
characteristics can be obtained by altering the order of the biquads.[19] This is not taken into account
though, as the poles are very close together—especially at the low frequency filters, as seen on Figure 8.5.
It is seen that the poles are in complex conjugated pairs. The biquads are constructed of a pair of complex
conjugated poles and two zeros that are close to each other, i.e., either in �1 or 1 as seen on Figure 8.5.

In MATLAB the filter coefficients are calculated using the script in Listing 8.2.
1 h1num = poly([z(1) z(2)]);
2 h1den = poly([p(1) p(2)]);
3 h2num = poly([z(3) z(4)]);
4 h2den = poly([p(3) p(4)]);
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5 h3num = poly([z(5) z(6)]);
6 h3den = poly([p(5) p(6)]);
7

8 k
9

10 b01 = h1num (1)
11 b11 = h1num (2)
12 b21 = h1num (3)
13 a11 = -h1den (2)
14 a21 = -h1den (3)
15

16 b02 = h2num (1)
17 b12 = h2num (2)
18 b22 = h2num (3)
19 a12 = -h2den (2)
20 a22 = -h2den (3)
21

22 b03 = h3num (1)
23 b13 = h3num (2)
24 b23 = h3num (3)
25 a13 = -h3den (2)
26 a23 = -h3den (3)

Listing 8.2: MATLAB script calculating the filter coefficients.

8.5 C Code Implementation—Cascaded Biquads
As suggested in the previous section, each 6th order filter will be constructed as three biquads. The filter
coefficients for this construction were calculated, and do now need to be implemented.

The structure of the filter is shown in the flow graph in Figure 8.6. The implementation is done as
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Figure 8.6: Cascaded biquads for a one 6th order filter. The figure is showing intermediate results wk[n] as well as intermediate outputs
yk[n].

suggested by [19]. This way the following equations will be evaluated to obtain the output:

y0[n] = x[n]

w
k

[n] = a1kwk

[n� 1] + a2kwk

[n� 2] + y
k�1[n], k = 1,2,3

y
k

[n] = b0kwk

[n] + b1kwk

[n� 1] + b2kwk

[n� 2], k = 1,2,3

y[n] = y3[n]

These equations are written explicitly in Appendix B.3. The code is implemented in C in the butt6bp()
function seen in Listing 8.3.

1 /*
2 * Sample rate: 44100 Hz
3 * Filter coefs: 39, 50, 63, 79, 99, 125, 157, 198, 250, 315, 397, 500, 630, 794, 1000 Hz
4 */
5 static const double k[15] = { ... } // These are shown in the table below.
6

7 static const double b01 [15] = { ... };
8 static const double b11 [15] = { ... };
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9 static const double b21 [15] = { ... };
10 static const double a11 [15] = { ... };
11 static const double a21 [15] = { ... };
12

13 static const double b02 [15] = { ... };
14 static const double b12 [15] = { ... };
15 static const double b22 [15] = { ... };
16 static const double a12 [15] = { ... };
17 static const double a22 [15] = { ... };
18

19 static const double b03 [15] = { ... };
20 static const double b13 [15] = { ... };
21 static const double b23 [15] = { ... };
22 static const double a13 [15] = { ... };
23 static const double a23 [15] = { ... };
24

25 /*
26 * Gain factors for filters. Initialized to 1, but changed during runtime.
27 */
28 static double filter_gains [15] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
29

30 /**
31 * 6th order Butterworth band pass filter.
32 * @param *input Pointer to input signal buffer.
33 * @param *output Pointer to output signal buffer.
34 * @param len Lenght of buffer.
35 * @param f Number of filter , e.g. f=14 is center freq. 1000 Hz.
36 * @param g Filter gain 0<=g<=1. 0=no input , 1= unity gain ,.
37 */
38 void butt6bp(signed short *input , signed short *output , int f)
39 {
40 int i;
41

42 static double w1[NUM_OF_FILTERS] = {0};
43 static double w1_1[NUM_OF_FILTERS] = {0};
44 static double w1_2[NUM_OF_FILTERS] = {0};
45 static double w2[NUM_OF_FILTERS] = {0};
46 static double w2_1[NUM_OF_FILTERS] = {0};
47 static double w2_2[NUM_OF_FILTERS] = {0};
48 static double w3[NUM_OF_FILTERS] = {0};
49 static double w3_1[NUM_OF_FILTERS] = {0};
50 static double w3_2[NUM_OF_FILTERS] = {0};
51 static double y = 0;
52 static double x = 0;
53 static double y1 = 0;
54 static double y2 = 0;
55 static double y3 = 0;
56

57

58 for (i = 0; i < BUF_SIZE; i++)
59 {
60 x = (double)input[i] * k[f];
61

62 w1[f] = a11[f]*w1_1[f] + a21[f]*w1_2[f] + x;
63 y1 = b01[f]*w1[f] + b11[f]*w1_1[f] + b21[f]*w1_2[f];
64 w2[f] = a12[f]*w2_1[f] + a22[f]*w2_2[f] + y1;
65 y2 = b02[f]*w2[f] + b12[f]*w2_1[f] + b22[f]*w2_2[f];
66 w3[f] = a13[f]*w3_1[f] + a23[f]*w3_2[f] + y2;
67 y3 = b03[f]*w3[f] + b13[f]*w3_1[f] + b23[f]*w3_2[f];
68

69 y = y3;
70 output[i] = (signed short)y;
71

72 w3_2[f] = w3_1[f];
73 w3_1[f] = w3[f];
74 w2_2[f] = w2_1[f];
75 w2_1[f] = w2[f];
76 w1_2[f] = w1_1[f];
77 w1_1[f] = w1[f];
78 }
79 }

Listing 8.3: C implementation of all 6th order Butterworth filters. The center frequency is chosen by f.
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The filter coefficients are not shown in the code, but can be found in Table 8.2.
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Variable/fc 39Hz 50Hz 63Hz 79Hz 99Hz

k 2,659 367 798 839 737E�10 5,601 922 571 251 911E�10 1,120 115 075 688 814E�9 2,207 462 238 523 890E�9 4,341 416 445 165 228E�9

b01 1 1 1 1 1
b11 �2 �2 �2 �2 �2
b21 1 1 1 1 1
a11 1,999 254 893 262 780 1,999 031 193 373 356 1,998 759 143 806 201 1,998 412 901 137 566 1,997 962 397 703 144
a21 �9,992 926 112 858 296E�1 �9,990 931 825 011 605E�1 �9,988 575 458 503 474E�1 �9,985 676 089 307 506E�1 �9,982 053 083 258 046E�1

b02 1 1 1 1 1
b12 0 0 0 0 0
b22 �1 �1 �1 �1 �1
a12 1,998 683 276 491 562 1,998 301 043 512 366 1,997 843 165 472 574 1,997 270 485 968 592 1,996 540 469 688 058
a22 �9,987 141 319 072 618E�1 �9,983 517 499 111 645E�1 �9,979 236 495 164 594E�1 �9,973 970 081 877 148E�1 �9,967 390 963 108 960E�1

b03 1 1 1 1 1
b13 2 2 2 2 2
b23 1 1 1 1 1
a13 1,999 395 853 999 915 1,999 216 384 139 402 1,998 999 140 685 960 1,998 724 118 188 818 1,998 368 479 893 290
a23 �9,994 211 116 542 249E�1 �9,992 578 955 771 124E�1 �9,990 650 377 548 419E�1 �9,988 277 245 149 526E�1 �9,985 311 605 539 993E�1

Variable/fc 125Hz 157Hz 198Hz 250Hz 315Hz

k 8,731 403 398 760 432E�9 1,728 206 087 410 670E�8 3,461 835 287 058 210E�8 6,956 463 822 613 412E�8 1,388 587 192 625 464E�7

b01 1 1 1 1 1
b11 �2 �2 �2 �2 �2
b21 1 1 1 1 1
a11 1,997 347 360 271 839 1,996 544 830 960 514 1,995 443 198 012 516 1,993 927 584 299 521 1,991 847 178 583 609
a21 �9,977 345 186 383 979E�1 �9,971 553 989 286 375E�1 �9,964 139 111 863 375E�1 �9,954 743 177 319 568E�1 �9,943 011 450 069 916E�1

b02 1 1 1 1 1
b12 0 0 0 0 0
b22 �1 �1 �1 �1 �1
a12 1,995 567 940 406 467 1,994 334 549 015 705 1,992 695 615 644 863 1,990 522 409 584 286 1,987 657 618 375 656
a22 �9,958 844 574 647 879E�1 �9,948 335 959 626 691E�1 �9,934 887 914 962 190E�1 �9,917 857 830 550 013E�1 �9,896 610 927 328 785E�1

b03 1 1 1 1 1
b13 2 2 2 2 2
b23 1 1 1 1 1
a13 1,997 886 458 021 087 1,997 262 659 200 254 1,996 414 203 353 910 1,995 258 673 142 130 1,993 689 494 811 716
a23 �9,981 457 555 329 134E�1 �9,976 716 082 524 942E�1 �9,970 644 223 042 499E�1 �9,962 948 360 575 664E�1 �9,953 336 324 915 507E�1

Variable/fc 397Hz 500Hz 630Hz 794Hz 1000Hz

k 2,772 330 298 352 829E�7 5,519 738 778 855 591E�7 1,099 473 480 985 984E�6 2,189 284 544 056 890E�6 4,344 426 201 580 417E�6

b01 1 1 1 1 1
b11 �2 �2 �2 �2 �2
b21 1 1 1 1 1
a11 1,988 928 732 726 706 1,984 799 688 788 573 1,978 855 077 139 464 1,970 195 247 752 909 1,957 497 456 588 057
a21 �9,928 232 607 286 578E�1 �9,909 702 966 601 559E�1 �9,886 371 212 065 588E�1 �9,857 027 277 765 992E�1 �9,820 314 903 483 434E�1

b02 1 1 1 1 1
b12 0 0 0 0 0
b22 �1 �1 �1 �1 �1
a12 1,983 809 392 459 594 1,978 607 175 224 339 1,971 459 097 009 606 1,961 522 172 820 266 1,947 602 365 475 845
a22 �9,869 871 374 885 393E�1 �9,836 384 874 869 053E�1 �9,794 279 789 666 762E�1 �9,741 414 201 918 076E�1 �9,675 403 293 533 541E�1

b03 1 1 1 1 1
b13 2 2 2 2 2
b23 1 1 1 1 1
a13 1,991 512 493 364 511 1,988 466 571 507 734 1,984 128 668 706 655 1,977 873 752 705 908 1,968 786 741 748 784
a23 �9,941 222 481 332 931E�1 �9,926 024 975 216 743E�1 �9,906 872 369 088 432E�1 �9,882 754 417 837 817E�1 �9,852 525 379 431 085E�1

Table 8.2: Filter coefficients for a 6th order Butterworth band pass filter.



8.6. TEST 59

8.6 Test
The tests for this section were specified in Section 5.2. The test was carried out as described in the work
sheet, Appendix A.2. In this section the results of the test will be shown.

The resulting frequency responses are plotted in Figure 8.8 as individual measurements and in Fig-
ure 8.8 as a total frequency response there all the filters are added together.
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Figure 8.7: Top: Frequency response of the individual filters together with the Class 2 requirements. All filters except for the 79Hz filters
live up to the requirements of a Class 2 filter. Bottom: All filters added together.

It is seen, that all filters, except for the 79Hz filter, fulfills the requirements of a Class 2 filter. Tables
8.3 and 8.4 show the edge and center frequencies, calculated as described in Section 5.2. Here it also shows
that all filters—except for the 79Hz filter—lies within 2% of the desired edge and center frequencies.
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Figure 8.8: Frequency response of all filters added together—amplitude, phase, and group delay.
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Filter Des. flow [Hz] Act. flow [Hz] Des. f
c

[Hz] Act. f
c

[Hz] Des. fup [Hz] Act. fup [Hz]

39 35,08 35,02 39,37 39,14 44,19 43,74
50 44,19 44,89 49,61 50,20 55,68 56,15
63 55,68 56,55 62,50 63,27 70,15 70,79
79 70,15 72,54 78,75 81,44 88,39 91,41
99 88,39 88,90 99,21 99,51 111,36 111,39
125 111,36 112,42 125,00 125,51 140,31 140,14
157 140,31 140,63 157,49 157,22 176,78 175,76
198 176,78 177,11 198,43 198,10 222,72 221,58
250 222,72 223,50 250,00 250,02 280,62 279,70
315 280,62 281,55 314,98 315,00 353,55 352,42
397 353,55 354,82 396,85 397,00 445,45 444,18
500 445,45 446,89 500,00 500,03 561,23 559,49
630 561,23 563,07 629,96 630,05 707,11 704,99
794 707,11 709,60 793,70 794,06 890,90 888,58

1000 890,90 893,68 1000,00 1000,12 1122,46 1119,25

Table 8.3: Desired and actual lower edge, upper edge, and center frequencies for all filters. “Des.” for Desired, “Act.” for Actual.

Filter Des. flow [Hz] Act. flow [%] Des. f
c

[Hz] Act. f
c

[%] Des. fup [Hz] Act. fup [%]

39 35,08 �0,17 39,37 �0,58 44,19 �1,02
50 44,19 1,58 49,61 1,19 55,68 0,84
63 55,68 1,56 62,50 1,23 70,15 0,91
79 70,15 3,41 78,75 3,42 88,39 3,42
99 88,39 0,58 99,21 0,3 111,36 0,03
125 111,36 0,95 125,00 0,41 140,31 �0,12
157 140,31 0,23 157,49 �0,17 176,78 �0,58
198 176,78 0,19 198,43 �0,17 222,72 �0,51
250 222,72 0,35 250,00 0,01 280,62 �0,33
315 280,62 0,33 314,98 0,01 353,55 �0,32
397 353,55 0,36 396,85 0,04 445,45 �0,29
500 445,45 0,32 500,00 0,01 561,23 �0,31
630 561,23 0,33 629,96 0,01 707,11 �0,3
794 707,11 0,35 793,70 0,05 890,90 �0,26

1000 890,90 0,31 1000,00 0,01 1122,46 �0,29

Table 8.4: Desired and how much the actual measurement differs from the desired in percent. “Des. ” for Desired, “Act. ” for Actual. The
79Hz filter is outside the desired range of ±2%.
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8.7 Implementation of Treble Filter
To cover the treble area, a static filter is needed which is not suppose to be controlled from the main
program. Firstly it is decided to use the 6th order biquad filter, C-implementation algorithm. Therefore
it is chosen to design a 6th order Butterworth high pass filter with cutoff frequency at 1225Hz.
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Figure 8.9: Implementation of the 6th order HP-filter at 1235Hz. All measurements are shown in blue. In green is a calculated 6th order
HP-filter at 1225Hz, which is further designed to 1235Hz.

8.7.1 6th Order High Pass Filter

An implementation of a 6th order HP-filter with a cut off frequency at 1225Hz shows that an improved
ripple is obtained, compared the 3rd order band pass filter in Section A.3.1. Therefore this design is chosen
as a satisfying solution, when not using 30 bands, or another algorithm with a higher order than 6. In this
design it is then decided to move the cut off frequency upwards in steps of 10Hz, execute the C-program,
and then measure the ripple again, to see if the ripple will improve in the measurements.
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Figure 8.10: Ripple with HP-filter at 1235Hz and a hp-filter gain factor of 0.9 and 1 kHz gain factor of 0,8.

Because it is preferred to have a smaller ripple especially upwards as a peak, it is decided to implement
the high pass, with a cut off frequency at 1235Hz, shown in Figure A.22b. This filter has only 2 dB peak
and is an improvement. The next approach is to lower both the gain factor of the high pass, so that it fits
the mean value of the pass band from 40Hz to 1 kHz and in the same approach, lower the 1 kHz BP-filter
gain to further improve the filter frequency response ripple, and especially to keep the filter from clipping,
preventing it from peaking at 0 dB. The results are shown in Figure A.23c in Section A.3.3

It is concluded to design the filter with initial settings that limits the attenuation range. The HP-filter
is implemented with a maximal gain factor of 0,9. The 1 kHz band has a maximal gain factor of 0.8. These
limits are implemented directly in the file butt6bp.c. It is furthermore decided from the investigation of



8.7. IMPLEMENTATION OF TREBLE FILTER 63

the attenuation range, that it is reasonable to put a lower limit on the gain factor of all filters, in order
to keep a predictable attenuation. This limit is 0.2 and is specified through the measurements in the
measurement report which can be found in Section A.3.4.

A filter library has now been designed which contains a filter function that controls the
behavior of each of the 16 filters—15 band pass filters and 1 high pass filter. A function,
where all the filters are summed together, has also been designed and the gain for each of the
filters can be controlled by the main program. The main program will be implemented in the
Base Station, which is communicating with the Mobile Station, through a cable or through
a wireless link. In the following chapter the development of the wireless communication
scheme will be described.



9 Wireless

In this chapter the wireless communication scheme will be discussed and developed. The
general idea is to build a module that can be used in both the Base Station and the Mobile
Station.

For the Base Station, the module needs to be able to receive data from the Mobile Station and output
it as an analog signal with a signal level around 2,8V. The main function of the Mobile Station is to receive
data from a microphone and transmit the audio data wirelessly to the base-station. The Mobile Station
consists of a microphone, an amplifier, an analog to digital converter, battery circuit, and, of course, the
wireless Bluetooth radio interface. It has been decided to use a RN52 Bluetooth Module, which includes all
the above besides a battery circuit. The Bluetooth module also includes a DSP, a MCU, and a microphone
input which also handles amplification and analog to digital conversion. All this can be seen of the block
diagram of the module on Figure 9.1.

PCB Antenna

Bluetooth 3.0
RF Baseband

RN52

UART

USB

I2S

S/PDIF

11 GPIO
Pins

1 AIO

16-Bit RISC MCU

Audio DSP
16-Bit Stereo

CODEC

16-MBit Flash

2 LEDs

MIC

MIC

Speaker

Speaker

Figure 9.1: Block-diagram of RN-52 [22]

9.1 Bluetooth Module RN52
Since the RN-52 Bluetooth module has been chosen according to the specific requirements set for this
module, some of the key features for this module will be listed below to get an overview.

• Frequency band: 2,4–2,48GHz
• Maximum data rate: 3Mbps
• Interface: UART, GPIO, AIO, USB, SPI, speaker and microphone
• Operation range: 10m
• Supply voltage: 1,8–3,6V
• Standby current: < 0,5mA

The module uses Bluetooth version 3.0 but is still fully compatible with Bluetooth version 2.1+EDR,
1.2 and 1.1[22]. It also supports various Bluetooth profiles including HSP, HFP, A2DP, AVRCP, SPP, and

64



9.2. CIRCUIT 65

iAP. Below a brief description of each profile will be given. A more detailed description of Bluetooth is
given in Appendix C.4

• A2DP: Stream high quality audio between two devices using Bluetooth
• AVRCP: Provides a standard interface to control equipment like TVs and hi-fi equipment.
• HFP: Used in hands-free kits to communicate with mobile phones.
• HSP: Makes it possible to use Bluetooth headsets with mobile phones. Must be used together with

the HFP profile.
• SPP: Provides a virtual serial port between two Bluetooth devices.
• iAP: Supports data connections with the MFI authentication chip, and also manages authentication

with this chip.

9.2 Circuit
Since the RN-52 is a complicated module with many features, a PCB has been made. The PCB should be
able to function as both the receiver and transmitter, for easier integration. The schematic for this design
can be seen on Figure 9.2–the PCB based on this can be seen on Figure 9.3. The antenna has been placed
outside of the PCB, accordingly to the datasheet.

Figure 9.2: Initial schematic for transceiver.
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Figure 9.3: Initial PCB for transceiver.

9.3 Control of the RN52
Controlling the Bluetooth module is simple, it consists of a simple UART ASCII command interface, where
the module can be configured. There are 3 basic types of commands: SET, GET and ACTION.

The SET-commands stores settings to flash memory, GET-commands retrieves information from the
flash memory and displays it and lastly the ACTION-commands performs actions such as controlling
volume etc. The basic setup for the Mobile Station is to use the A2DP to stream high quality audio from
the Mobile Station to the Base Station. Therefore, some settings needs to be changed in the flash memory
of the RN-52.

To enable the UART command-line, GPIO9 on the Bluetooth module needs to be grounded, which
as shown on the schematic has been done. Using an FTDI, to establish a UART connection with a PC.
To set the discovery profile the SET-command SD,<8bit hex value> is used. The datasheet provides a
table with different bit-mask values for setting the Bluetooth profile to be used, this table has been copied
and can be seen in Table 9.1. The command which needs to be send is therefore SD,04.

Bit Position Value Profile

0 01 iAP
1 02 SPP
2 04 A2DP
3 08 HFP

Table 9.1: Table showing bitmasks for different Profiles

This is the essential setup, however a few other settings were made, such as changing the name and
pin. This is done with the following commands, SP,<string> for the Pin and SN,<string> to set the
name.

9.4 Tests
A test of the frequency response for the Bluetooth module, was performed and showed good results in the
lower and mid frequency range, but when a sine of 20 kHz is send through the signal does get distorted.
This is however not a problem since the filters only regulate the lower frequencies. The measurement
report is in Appendix A.5

9.4.1 Measuring of the Output Impedance

Output impedance has been measured as described in Section 26. The voltage without load has been
measured to V

o

= 0,350V. Load has been chosen to be 8,2Ω. Voltage with load is measured to be
V
RL

= 0,225V.
Current running through the load can be found from the voltage drop across the load.

I =

V
RL

RL
= 27,439mA (9.1)
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The output impedance can be found as:

Z
o

=

V
o

� V
RL

I
= 4,5556Ω (9.2)

A functional Bluetooth module has been designed and a PCB has been made for it. It
can be directly connected with the USB sound card and be supplied by a USB cable, acting
as a 5V power supply. This subsystem was the last block to be designed in order to complete
the full system. In the following chapter the subsystems will be implemented one by one,
and then lastly, the complete system will be implemented.



10 Implementation

The implementation chapter documents the implementation of all the technical parts. This
includes audio interface, filter library, and the wireless communication.

The implementation is done in three steps as listed below.

1. Main program implemented with audio interface
2. Step 1 + filter library
3. Step 2 + wireless

10.1 Main Program Implementation With ALSA
The overall code of the main program, implemented with the ALSA interface can be seen on Listing 10.1.
The program still follows the flowchart shown in Figure 6.2 and Figure 6.3. The controller() thread can
be seen on line 135 on Listing 10.1 and the player_filter() thread can be seen on line 123.

Main Program Audio Interface

Figure 10.1: Implementation step 1

The first implementations challenge was to split a stereo audio buffer (recorded with record function
on line 139) to two mono buffers. One of those mono buffers is used for microphone input and the other
one used for reference input. They called mic_input and ref_input respectively, and are shared variables
defined on the lines 20 and 21. The function split_stereo() can be seen on the line 107 and it runs a
for-loop, which puts even buffer elements in the left buffer and odd buffer elements in the right buffer.

Another function, that has been made under the implementation phase is calculate_coeff() func-
tion (line 73), which utilizes the calculate_RMS() function (line 37) and calculates the gain factor for
the filter (line 55). Function calculate_coeff() calculates RMS value of the two buffers and subtracts
one buffer form the other one to find the difference in RMS value. The function also ensure that the gain
factor will never get higher than 1.

The function to calculate the RMS value calculate_RMS() shown on line 37 and it basically utilizes
the math formula

RMS =

sP
N�1
n=0 x2

n

N
(10.1)

The size of the buffer has been chosen to be higher than 2048. Also it has been found that bigger
the buffer the longer the system delay. On the other hand a bigger buffer size can solve such problems as
clicking (small noise on the top of the signal).

The main() function on line 148 consists of the ALSA setup procedure described in the Section 7 for
the capture and for the playback. Then two threads are running in the infinite for loop until the user
suspends the program.

1 #include <stdio.h>
2 #include <pthread.h>
3 #include <semaphore.h>
4 #include <unistd.h>
5 #include <math.h>
6 #include "mypcm.h"
7

68
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8 #define PCM "plughw :1,0"
9 #define BUF_SIZE 2048

10 #define NUM_OF_FILTERS 13
11 #define STERIO 2
12 #define MONO 1
13 #define RATE 44100
14

15 // -----Gobal variables -------------------------------------
16

17 sem_t SHARED_VARS;
18 float coefficients[NUM_OF_FILTERS ];
19 signed short stereo_input[BUF_SIZE ];
20 signed short mic_input[BUF_SIZE /2];
21 signed short ref_input[BUF_SIZE /2];
22

23 snd_pcm_t *capture_handle;
24 snd_pcm_t *playback_handle;
25 snd_pcm_hw_params_t *capture_params;
26 snd_pcm_hw_params_t *playback_params;
27 signed short output_buf[BUF_SIZE /2];
28

29

30 // --------------------------Functions ------------------------
31

32 /**
33 * Function to calculate RMS value.
34 * @param buf pointer to data_buffer.
35 * @return float containing RMS value.
36 */
37 float calculate_RMS (signed short *buf ,int size)
38 {
39 float squared_sum;
40 float data_RMS;
41 int i;
42

43 for ( i = 0 ; i < size ; i++ )
44 squared_sum += buf[i] * buf[i];
45 data_RMS = squared_sum / size;
46 data_RMS = sqrt(data_RMS);
47 return data_RMS;
48 }
49

50 /**
51 * Function to apply lp-filter to a buffer.
52 * @param *input_buf input to the filter
53 * @param *output_buf output from the filter
54 */
55 void lp_filter (signed short *input_buf , signed short *output_buf ,float gain ,int size) {
56 int i;
57 float a = 0.86709;
58 float b = 0.14261;
59 float old_output = 0;
60 for (i = 0; i < size; ++i)
61 {
62 output_buf[i] = gain*(a * old_output + b * input_buf[i]);
63 old_output =( signed short)output_buf[i];
64 }
65 }
66

67 /**
68 * Calculates the gain factor from the difference of RMS value of two buffers
69 * @param *ref_buf pointer to the referance buffer
70 * @param *mic_buf pointer to the microphone buffer
71 * @return gain_factor calculated gain factor
72 */
73 float calculate_coeff(signed short *ref_buf ,signed short *mic_buf)
74 {
75 float ref_rms;
76 float mic_rms;
77 float gain_factor;
78 float temp;
79

80 ref_rms = calculate_RMS (ref_buf ,BUF_SIZE /2);
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81 mic_rms = calculate_RMS (mic_buf ,BUF_SIZE /2);
82 if((mic_rms -ref_rms)==0)
83 {
84 gain_factor =1;
85 }
86 else if((mic_rms -ref_rms) <0)
87 {
88 gain_factor =1;
89 }
90 else
91 {
92 temp =1/( mic_rms - ref_rms);
93 if (temp > 1)
94 gain_factor =1;
95 else
96 gain_factor=temp;
97 }
98 return gain_factor;
99 }

100

101 /**
102 * Split stereo buffer into two mono buffers
103 * @param stereo_buf pointer to the stereo buffer
104 * @param left pointer to left mono buffer
105 * @param right pointer to right mono buffer
106 */
107 void split_stereo (signed short* stereo_buf ,signed short* left ,signed short* right)
108 {
109 int i;
110 for (i = 0; i < BUF_SIZE /2; i++)
111 {
112 left[i]= stereo_buf [2*i];
113 right[i]= stereo_buf [2*i+1];
114 }
115 }
116

117 // ----------------------------Threads ------------------------
118 /**
119 * Thread to playback audio and apply the output filter , by use of semaphor.
120 * @param input ID of thread used in test.
121 * @return void
122 */
123 void player_filter (void* input)
124 {
125 lp_filter(ref_input ,output_buf ,coefficients [0], BUF_SIZE /2);
126 prepair_interface(playback_handle);
127 play(playback_handle ,output_buf ,BUF_SIZE /2);
128 }
129

130 /**
131 * Thread to compare the mic - and ref -signals , and write result in semaphor.
132 * @param input ID of thread used in test.
133 * @return void
134 */
135 void controller (void * input)
136 {
137 signed short filtered_mic_input[BUF_SIZE /2];
138 signed short filtered_ref_input[BUF_SIZE /2];
139 record(capture_handle ,stereo_input ,BUF_SIZE /2);
140 split_stereo(stereo_input ,mic_input ,ref_input);
141 lp_filter(mic_input ,filtered_mic_input ,1,BUF_SIZE /2);
142 lp_filter(ref_input ,filtered_ref_input ,1,BUF_SIZE /2);
143 coefficients [0]= calculate_coeff(filtered_ref_input ,filtered_mic_input);
144 }
145

146

147 // ----------------------------Main ---------------------------
148 int main (int argc , char *argv [])
149 {
150 int id_number [2];
151 pthread_t t_id [2];
152 id_number [0] = 1;
153 id_number [1] = 2;
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154

155 // -------ALSA setup ----------------------------------
156

157 open_pcm (& capture_handle ,PCM ,SND_PCM_STREAM_CAPTURE , 0);
158 snd_pcm_hw_params_malloc (& capture_params);
159 snd_pcm_hw_params_any (capture_handle , capture_params);
160 set_params(capture_handle ,capture_params ,STERIO ,RATE);
161 write_params(capture_handle ,capture_params);
162 prepair_interface(capture_handle);
163 snd_pcm_hw_params_free (capture_params);
164

165

166 open_pcm (& playback_handle ,PCM ,SND_PCM_STREAM_PLAYBACK ,0);
167 snd_pcm_hw_params_malloc (& playback_params);
168 snd_pcm_hw_params_any (playback_handle , playback_params);
169 set_params(playback_handle ,playback_params ,MONO ,RATE);
170 write_params(playback_handle ,playback_params);
171 prepair_interface(playback_handle);
172 snd_pcm_hw_params_free (playback_params);
173

174

175

176

177 // ----------THREADS ----------------------------------
178

179 sem_init (& SHARED_VARS , 0, 1);
180 for (; ;)
181 {
182 pthread_create (&t_id[0], NULL , (void *) &player_filter , (void *) &id_number [0]);
183 pthread_create (&t_id[1], NULL , (void *) &controller , (void *) &id_number [1]);
184

185 pthread_join(t_id[0], NULL);
186 pthread_join(t_id[1], NULL);
187 }
188 return 0;
189 }

Listing 10.1: Main program implemented with ALSA interface and a simple filter

10.1.1 Test

All the testing with the ALSA and main program implementation is done with the simple digital But-
terworth low pass filter designed in Section 7.3 and on a USB sound card. To test the reference and
microphone input one signal generator is used and the amplitude is controlled on the USB sound card.
The general test setup can be seen on Figure 10.2.

Oscilloscope

BNC

chan1

BNCBNC

chan2

Signal generator

BNC
input
micref

input
USB

USB soundcard

output

Figure 10.2: Test setup of main program implementation with ALSA

The following equipment are used in the test:

10.1.2 Equipment Used

Instrument AAU-number. Manufacture, type etc.

Oscilloscope 64572 Agilent Technologies DSO6034A
Signal generator 08684 N/A
USB sound card 2157-93 Roland

The test is devided into two steps where the code is tested with and without the filter function. This
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is done to make sure that the capture playback part is working with the main program.

Test Without Filter
The first test is done without a filter to check that the ALSA code is playing the correct output. To
check the output a known signal of 1 kHz is played as input and the input and output are compared on
an oscilloscope. The input and output comparison can be seen on Figure 10.3.
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Figure 10.3: Comparison of input and output without a filter.

As shown on Figure 10.3 the output and input signals are not the same. The output and input signals
are at the same frequency, but something is causing the output signal to crack, which cause a clicking noise
if you listen to the signal. As mentioned in the beginning of this section the buffer size has something to
do with the clicking noise and the delay. It seems that the clicking noise is showing each time the buffer
ends, however increasing the buffer size didn’t stop the clicking. If the buffer size is increased the delay
between the clicking noise increases as well, but so is the delay from the input to the output, which means
that increasing the buffer size isn’t the right solution.

Test With Filter
The second test is done with the same test setup as the first test, but is done by including the filter
function as explained earlier. At this time the clicking noise is not corrected, but this test is done only to
see if the filter and gain part is working after implementing the main program with ALSA.

The test showed that the filter and gain factor are working correctly and in the same way than before
the main program implementation. The earlier test results from the ALSA program, can be seen in Section
7.4

Conclusion
From the comparison Figure 10.3 of the input and output it can be concluded that the program is not
working properly and still needs some debugging. In the following 10.1.3 the program has been updated
and the clicking error has been resolved.

10.1.3 Final Main Program

To solve the clicking noise the threads has been removed to decrease the overall delay in the program.
Furthermore the output buffer was changing each time the function was called and to resolve this problem
the filter function has been duplicated three times, one time for each function call. This solution solved
the clicking noise, the working code can be seen on Listening 10.2
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1 #include <stdio.h>
2 #include <pthread.h>
3 #include <semaphore.h>
4 #include <unistd.h>
5 #include <math.h>
6 #include "mypcm.h"
7

8 #define PCM "plughw :2,0"
9 #define BUF_SIZE 2048

10 #define NUM_OF_FILTERS 16
11 #define STERIO 2
12 #define MONO 1
13 #define RATE 44100
14

15

16 // --------------------------Functions ------------------------
17

18 /**
19 * Function to calculate RMS value.
20 * @param buf pointer to data_buffer.
21 * @return float containing RMS value.
22 */
23 float calculate_RMS (signed short *buf ,int size)
24 {
25 float squared_sum;
26 float data_RMS;
27 int i;
28 for ( i = 0 ; i < size ; i++ )
29 squared_sum += buf[i] * buf[i];
30 data_RMS = squared_sum / size;
31 data_RMS = sqrt(data_RMS);
32 return data_RMS;
33 }
34

35

36 /**
37 * Function to apply lp-filter to a buffer.
38 * @param *input_buf input to the filter
39 * @param *output_buf output from the filter
40 */
41 void lp_filter (signed short *input_buf , signed short *output_buf ,float
42 gain ,int size)
43 {
44 int i;
45 float a = 0.86709 ,b = 0.14261;
46 static signed short output_buf_old =0;
47

48 for (i=0; i<size; i++) /* Diff. equation: y[n]=bx[n]+ay[n-1] */
49 {
50 output_buf[i]=a*output_buf_old + b*input_buf[i];
51 output_buf_old=output_buf[i];
52 }
53

54 for (i=0; i<size; i++) output_buf[i]=( signed short)(gain*output_buf[i]);
55 /* Gain applied at the end --not in the proc.
56 loop. If in doubt , look at the H(z). */
57 }
58

59

60 /**
61 * Function to apply lp-filter to a buffer.
62 * @param *input_buf input to the filter
63 * @param *output_buf output from the filter
64 */
65 void lp_filter1 (signed short *input_buf , signed short *output_buf ,float
66 gain ,int size)
67 {
68 int i;
69 float a = 0.86709 ,b = 0.14261;
70 static signed short output_buf_old =0;
71

72 for (i=0; i<size; i++) /* Diff. equation: y[n]=bx[n]+ay[n-1] */
73 {
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74 output_buf[i]=a*output_buf_old + b*input_buf[i];
75 output_buf_old=output_buf[i];
76 }
77

78 for (i=0; i<size; i++) output_buf[i]=( signed short)(gain*output_buf[i]);
79 /* Gain applied at the end --not in the proc.
80 loop. If in doubt , look at the H(z). */
81 }
82

83

84 /**
85 * Function to apply lp-filter to a buffer.
86 * @param *input_buf input to the filter
87 * @param *output_buf output from the filter
88 */
89 void lp_filter2 (signed short *input_buf , signed short *output_buf ,float
90 gain ,int size)
91 {
92 int i;
93 float a = 0.86709 ,b = 0.14261;
94 static signed short output_buf_old =0;
95

96 for (i=0; i<size; i++) /* Diff. equation: y[n]=bx[n]+ay[n-1] */
97 {
98 output_buf[i]=a*output_buf_old + b*input_buf[i];
99 output_buf_old=output_buf[i];

100 }
101

102 for (i=0; i<size; i++) output_buf[i]=( signed short)(gain*output_buf[i]);
103 /* Gain applied at the end --not in the proc.
104 loop. If in doubt , look at the H(z). */
105 }
106

107 /**
108 * Calculates the gain factor from the difference of RMS value of two buffers
109 * @param *ref_buf pointer to the referance buffer
110 * @param *mic_buf pointer to the microphone buffer
111 * @return gain_factor calculated gain factor
112 */
113 float calculate_coeff(signed short *ref_buf ,signed short *mic_buf)
114 {
115 float ref_rms;
116 float mic_rms;
117 float gain_factor;
118 float temp;
119

120 ref_rms = calculate_RMS (ref_buf ,BUF_SIZE /2);
121 mic_rms = calculate_RMS (mic_buf ,BUF_SIZE /2);
122 if((mic_rms -ref_rms)==0)
123 {
124 gain_factor =1;
125 }
126

127 else if((mic_rms -ref_rms) <0)
128 {
129 gain_factor =1;
130 }
131 else
132 {
133 temp =1/( mic_rms - ref_rms);
134 if (temp > 1)
135 gain_factor =1;
136 else
137 gain_factor=temp;
138 }
139 return gain_factor;
140

141 }
142

143 /**
144 * Split stereo buffer into two mono buffers
145 * @param stereo_buf pointer to the stereo buffer
146 * @param left pointer to left mono buffer
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147 * @param right pointer to right mono buffer
148 */
149 void split_stereo (signed short* stereo_buf ,signed short* left ,signed short* right)
150 {
151 int i;
152 for (i = 0; i < BUF_SIZE /2; i++)
153 {
154 left[i]= stereo_buf [2*i];
155 right[i]= stereo_buf [2*i+1];
156 }
157 }
158

159

160 // ----------------------------Main ---------------------------
161

162 int main (int argc , char *argv [])
163 {
164 int i;
165 signed short filtered_mic_input[BUF_SIZE /2];
166 signed short filtered_ref_input[BUF_SIZE /2];
167 float coefficients[NUM_OF_FILTERS ];
168 signed short stereo_input[BUF_SIZE ];
169 signed short mic_input[BUF_SIZE /2];
170 signed short ref_input[BUF_SIZE /2];
171

172

173 snd_pcm_t *capture_handle;
174 snd_pcm_t *playback_handle;
175 snd_pcm_hw_params_t *capture_params;
176 snd_pcm_hw_params_t *playback_params;
177 signed short output_buf[BUF_SIZE /2];
178

179 // -------ALSA setup ----------------------------------
180

181 open_pcm (& capture_handle ,PCM ,SND_PCM_STREAM_CAPTURE , 0);
182 snd_pcm_hw_params_malloc (& capture_params);
183 snd_pcm_hw_params_any (capture_handle , capture_params);
184 set_params(capture_handle ,capture_params ,STERIO ,RATE);
185 write_params(capture_handle ,capture_params);
186 prepair_interface(capture_handle);
187 snd_pcm_hw_params_free (capture_params);
188

189 open_pcm (& playback_handle ,PCM ,SND_PCM_STREAM_PLAYBACK ,0);
190 snd_pcm_hw_params_malloc (& playback_params);
191 snd_pcm_hw_params_any (playback_handle , playback_params);
192 set_params(playback_handle ,playback_params ,MONO ,RATE);
193 write_params(playback_handle ,playback_params);
194 prepair_interface(playback_handle);
195 snd_pcm_hw_params_free (playback_params);
196

197 for (; ;)
198 {
199 record(capture_handle ,stereo_input ,BUF_SIZE /2);
200 split_stereo(stereo_input ,mic_input ,ref_input);
201 lp_filter1(mic_input ,filtered_mic_input ,1,BUF_SIZE /2);
202 lp_filter2(ref_input ,filtered_ref_input ,1,BUF_SIZE /2);
203 coefficients [0]= calculate_coeff(filtered_ref_input ,filtered_mic_input);
204 lp_filter(ref_input ,output_buf ,coefficients [0], BUF_SIZE /2);
205 play(playback_handle ,output_buf ,BUF_SIZE /2);
206 }
207 return 0;
208 }

Listing 10.2: Final Main Program with low pass filter

10.2 Implementation of the ALSA With the Filter Library
The final code of the main program, implemented with a filter library and ALSA PCM interface, is shown
on Listing 10.3.

A new function has been written find_gains(), which filters reference input and microphone input
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Main Program Audio Interface

Filter Library

Figure 10.4: Implementation step 2

with a chosen filter with a gain factor of 1. Then it calculates the filter gain in the chosen frequency range.
It is done N number of times until the gains for all the filters are calculated. The filter number 16 must
remain at attenuation of 0 dB or gain of 1. This is why it has been chosen to set the number of filters to
15 in the function find_gains(). The value of the filter_gains[15] is set to 1 and can’t be changed.

The miner adjustments in the filter library have been made to implement it with a main program.
First the butt6bp() shown on the Listing 8.3 function has been duplicated 3 times. The duplicated
functions butt6bp1() and butt6bp2() are used in the main program in the function find_gains(). The
function butt6bp2() is still used in the apply_all_filters() function.

1

2 open_pcm (& capture_handle ,PCM ,SND_PCM_STREAM_CAPTURE , 0);
3 snd_pcm_hw_params_malloc (& capture_params);
4 snd_pcm_hw_params_any (capture_handle , capture_params);
5 set_params(capture_handle ,capture_params ,STERIO ,RATE);
6 write_params(capture_handle ,capture_params);
7 prepair_interface(capture_handle);
8 snd_pcm_hw_params_free (capture_params);
9

10

11 open_pcm (& playback_handle ,PCM ,SND_PCM_STREAM_PLAYBACK ,0);
12 snd_pcm_hw_params_malloc (& playback_params);
13 snd_pcm_hw_params_any (playback_handle , playback_params);
14 set_params(playback_handle ,playback_params ,MONO ,RATE);
15 write_params(playback_handle ,playback_params);
16 prepair_interface(playback_handle);
17 snd_pcm_hw_params_free (playback_params);
18

19 for (; ;)
20 {
21 record(capture_handle ,stereo_input ,BUF_SIZE /2);
22 split_stereo(stereo_input ,mic_input ,ref_input);
23 find_gains(mic_input ,ref_input ,filter_gains ,NUM_OF_FILTERS -1);
24 apply_all_filters(ref_input ,output_buf ,BUF_SIZE/2, filter_gains);
25 prepair_interface(playback_handle);
26 play(playback_handle ,output_buf ,BUF_SIZE /2);
27 }
28 return 0;
29 }

Listing 10.3: Main program with ALSA interface and filter library

10.2.1 Full System Test

At this point all elements of the system—except the wireless communication—are implemented. Assuming
the wireless communication will not distort the microphone signal, the system functionality can now be
tested. Two things will be tested:

• Frequency equalization. The systems ability to make the real life signal sound like the signal reference
signal.

• Response time. How long time it takes from the distortion source changes until the filters compen-
sates.
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In Figure 10.5 and 10.6 the reference signal is a pink noise source and a sine sweep is input as a noise
source (See Figure 10.8 to see where the noise source fits in). The figures show that when the noise signal
goes between 40Hz and 1000Hz the signal going to the loudspeakers is compensated. Furthermore, it is
seen that the system is better at compensating when the signal is slowly changing that when it changes
quickly.
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Figure 10.5: 20 second sine sweep noise on top of a pink noise reference. It is seen that the system compensates by lowering the
amplitude at the frequencies of the sine sweep, within 40Hz and 1000Hz.

The reaction time can be determined from Figure 10.7. A tone is shifted from 440Hz to 619Hz on the
reference. The reaction time is determined as the time from the reference changes until the microphone
signal changes. With this definition of reaction time, the figure shows that

treaction < 100ms (10.2)

10.2.2 Test of implementation of ALSA and Filters

In order to test attenuation of the system, after the implementation of the filter a DAW is as the main
interface to the system used.
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Figure 10.6: 0,5 second sine sweep noise on top of a pink noise reference. A hint of correction can be seen but it does not react as well
on the fast sweep as on the slow sweep.

Figure 10.7: The reference is a pink noise signal. On top of this is a sine playing 440Hz and 619Hz. In the bottom it is seen, that the
system is trying to compensate for the noise that is applied to the microphone. It is seen, that the reacts in less than 100ms
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Figure 10.8: Test Setup
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10.3 Main Program With ALSA PCM Interface and Bluetooth

This section will describe how the Mobile Station Bluetooth module (described in Chapter 9) and main
program (described in Section 10.2) are implemented together.

Main Program Audio Interface

Filter Library

Wireless

Figure 10.10: Implementation step 3

It is chosen to use a laptop as a Mobile Station. The microphone is connected to the laptop through
a microphone input and a Bluetooth sender is connected to the USB port. The built-in microphone and a
Bluetooth module can be used too. The Mobile Station laptop running a sound forward, which captures
sound from microphone and outputs captured sound through the Bluetooth module.

The main program runs on an additional laptop. The sound card is connected to USB and input 2

connected to the jack input on the laptop. Music played from the laptop is used as reference input (input
2 on sound card). The input 1 on the sound card is used as the microphone input. The microphone input
is acquired by receiving it at the Bluetooth receiver and then it is amplified with an amplifier, designed in
Section 10.4, to match the signal of the reference input. The active speaker is connected to the output of
the sound card and plays the reference input, altered with help of the filters in main program.

output

jackUSB

Main program
USB soundcard

Input 1 input2
USB

speaker
microphone

bluetooth bluetooth

USBmic

sender

amplifier

Sound forward

receiver

Figure 10.11: Test setup of the final system with a Bluetooth

10.4 Signal Amplifier for Bluetooth module
During the implementation it was found that the output levels were too low, as show in the measurement
report. For the Bluetooth module the signal level was around 350mVpp. Therefore a very simple common-
emitter amplifier was made to get the level up to 2,8V peak-to-peak, which the input signal amplified 8
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times.. The schematic can be seen on Figure 10.12.

Vin

Vs

Vout

R1

R2

C1

C2Q1

Rc

Re

Vb

Vc

Figure 10.12: Signal amplifier

The calculations for this circuit can be read in Appendix B.1.

The implementation of the technical parts has been made and tested in three steps as
mentioned in the beginning of the implementation, Chapter 10.1. The main program is now
functional with the audio interface and the filter library implemented on a Linux PC.
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11 Acceptance Test

X = passed, ⇥ = not passed, ⌦ = not tested.
Base Station
Requirement 1 Line input for a regular amplifier, complying to the standard in Table 2.1 ⌦
Requirement 2 Line output for a regular amplifier, complying to the standard in Table 2.1 ⌦
Filter
Requirement 3 Sampling rate of audio input X
Requirement 4 Bandwidth of regulation X
Requirement 5 Frequency range X
Requirement 6 Band pass filters (X)

Requirement 7 Band pass filters’ midband frequencies (X)

Requirement 8 Edge frequencies proportional to center frequencies (X)

Requirement 9 Pass band ripple ⇥
Controller
Requirement 10 Sample rate X
Requirement 11 Signal attenuation ⌦
Requirement 12 Signal boost ⇥
Requirement 13 Response time X
Mobile Station
Requirement 14 Physical size ⇥
Requirement 15 Weight ⇥
Wireless Transceiver
Requirement 16 Frequency band X
Requirement 17 Bit rate X
Requirement 18 Transceiver range X
Requirement 19 Standby power consumption ⌦
Microphone System (based on Gefell M 930+Edirol UA-25EX used in test)
Requirement 20 Sensitivity value at 120 dBSPL (X)

Requirement 21 Linear output signal ⇥
Requirement 22 SNR X
Requirement 23 THD ⌦
Requirement 24 Operation voltage X
Requirement 25 Current consumption ⌦
Requirement 26 Output impedance ⌦
Requirement 27 Input impedance ⌦

Table 11.1: Accepttest
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12 Conclusion

The starting point for this report is based on the assumption that it is possible to equalize reverberations
and standing waves in a room, by applying frequency equalization with electronic filters. This assump-
tion led to a problem analysis with measurements of room acoustics and theory behind sound pressure,
microphones, and digital filters compliant with DS/EN 61260. Furthermore, the computer platform and
wireless communication schemes were investigated.

From the problem analysis a problem statement was formulated, which is as follows:

How is a self adjusting loudspeaker system designed, which is able to counteract the effect of the
frequency characteristics of reflections, by equalizing the signal to a speaker, so that the sound
in the air is similar to the audio source—even when the listener is moving around inside the
room?

To fulfill this question a list of requirements has been set for the product, and for each requirement a test
case has been written. The results are summarized here.

A system diagram has been developed seen in Figure 5.3 with the purpose to clarify subsystem
interfaces and provide a clear overview of the designed system and how to translate it in to software,
which can be implemented on a Linux platform. The system can be considered as two major elements;
the controller and the filter.

The Controller part is considered as the main program that handles the audio interface and processes
the comparisons between room measurement and the audio reference.

The Filter part processes a spectrum analysis by use of 15 bands, implemented with a dynamic range
of 30 dB respectively. The filters are designed as 6th order band pass filters, compliant with the DS/EN
61260 class 2 standard. The filter bank was developed, calculated, and implemented on a Linux system in
the C programming language.

A capture_playback program has been developed. The program captures a buffer from ALSA PCM
interface, then applies the filters on the buffer and the output is played through the ALSA PCM interface.
Furthermore, an associating library has been developed, which utilizes ALSA PCM functions. The program
has been tested on a laptop and an external USB sound card Roland UA-22.

The wireless Bluetooth module described in Section 9, is working. However, it was necessary to build
a voltage amplifier for the output signal to the Base Station. This should be finalized to a single PCB.
Several tests have been conducted to make sure it is working properly. Since only one RN-52 were available
only the Base Station side was developed.

The implementation of the subsystems has been done in a systematic fashion, where each block is
implemented one at a time. During the implementation some problems appeared in the ALSA code and
Bluetooth module. These were, however, easily fixed and documented. The whole system did not work
on the Raspberry Pi, as it used up all it’s CPU resources. A complete acceptance test has been made,
in order to systematically clarify which of the requirements are compliant. Here it was found that the
prototype meets the most relevant requirements in the specifications.

In cooperation between the Controller and the Filter, regulation of gain coefficients is verified by
doing measurements in a room. The measurements show that the system is counteracting any sound that
is different from the audio source. The spectrum analysis and the regulation of gain factors may, in close
cooperation with each other, ensure that the sound quality is improved in home audio systems.

All in all a prototype has been developed and includes:

• A Base Station including a laptop and a USB sound card.
• A Mobile Station including a laptop, a USB sound card, a microphone.
• A wireless Bluetooth link from the Mobile Station to the Base Station.
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A Measurement Reports

A.1 Measurements of RPI Sound Output

A.1.1 Purpose

The purpose of the measurements, is to determine how well the Raspberry Pi is able to reproduce certain
sine waves at different frequencies, compared to a Line 6 USB sound card. The measurements will also
determine the output voltage at different frequencies for both the Raspberry Pi and the Line 6 sound card.

A.1.2 Test objects

• Raspberry Pi
• Line 6 USB sound card

A.1.3 Test Setup

The following figures show the test setup

Oscilloscope Raspberry PiMinijack/jack to BNC converter 

BNC

chan1

BNC Jack BNC Minijack Minijack

Figure A.1: Test setup with Raspberry Pi output

USB

USB soundcardOscilloscope Minijack/jack to BNC converter 

USBJackMinijackBNCJackBNC

chan1

BNC

Figure A.2: Test setup with Line 6 USB sound card output

A.1.4 Equipment Used

Instrument AAU-number. Manufacture, type etc.

Oscilloscope 64572 Agilent Technologies DSO6034A
Raspberry PI N/A E2613RS2V13B1.0
Tone Port UX1 sound card N/A Line 6

A.1.5 Test Procedure

To test the frequency response for the two devices, 24 different lossless wave files is generated, which each
contains a sinusoid at a different frequency. The wave files were made in Audacity and the generated tones
are shown in the following Table A.5.5.
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Type Frequency

Sinusoid 20Hz
Sinusoid 50Hz
Sinusoid 100Hz
Sinusoid 500Hz
Sinusoid 1 kHz
Sinusoid 2 kHz
Sinusoid 3 kHz
Sinusoid 4 kHz
Sinusoid 5 kHz
Sinusoid 6 kHz
Sinusoid 7 kHz
Sinusoid 8 kHz
Sinusoid 9 kHz
Sinusoid 10 kHz
Sinusoid 11 kHz
Sinusoid 12 kHz
Sinusoid 13 kHz
Sinusoid 14 kHz
Sinusoid 15 kHz
Sinusoid 16 kHz
Sinusoid 17 kHz
Sinusoid 18 kHz
Sinusoid 19 kHz
Sinusoid 20 kHz

The frequency and peak-to-peak voltage is measured for each frequency in Table A.1.8, on an oscilloscope.
Furthermore, for each measurement the output from the oscilloscope will be saved to a csv-file for graphing
the waveform.

A.1.6 Raspberry Pi Specific

On the Raspberry Pi, the sound levels are set to 0 dB with no gain to avoid clipping. The Raspberry Pi
uses a 3,5mm TRS connector for the sound output, and a 3,5mm TRS connector to BNC was built to
interface it with the oscilloscope, however all measurements was done in mono.

A.1.7 Line 6 USB Sound Card Specific

The Line 6 USB sound card, was tested with a PC, where the sound levels are set to 0 dB and no gain.
A 6,35mm TRS connector to BNC was built to interface with the oscilloscope, however all measurements
was done in mono.

A.1.8 Results

The raw results of the Raspberry Pi compared to the line 6 USB sound card, see the Table A.1.8 table.
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Input frequency Vpp (RPI) Measured frequency (RPI) Vpp (USB) Measured frequency (USB)

20Hz 1,31V 20Hz 7,06V 20Hz
50Hz 1,3V 50Hz 7,06V 50Hz
100Hz 1,33V 101Hz 6,88V 100Hz
500Hz 1,39V 500Hz 6,75V 500Hz
1000Hz 1,41V 1000Hz 6,75V 1000Hz
2000Hz 1,38V 1980Hz 6,81V 2000Hz
3000Hz 1,42V 2999Hz 6,81V 3000Hz
4000Hz 1,39V 3970Hz 6,75V 4000Hz
5000Hz 1,47V 4930Hz 6,75V 5000Hz
6000Hz 1,25V 5999Hz 6,75V 6000Hz
7000Hz 1,27V 7040Hz 6,81V 7000Hz
8000Hz 1,38V 8130Hz 6,81V 8000Hz
9000Hz 1,25V 8997Hz 6,75V 9000Hz
10 000Hz 1,23V 10 200Hz 6,88V 10 000Hz
11 000Hz 1,25V 11 050Hz 6,88V 11 000Hz
12 000Hz 1,26V 12 050Hz 6,81V 12 000Hz
13 000Hz 1,26V 13 158Hz 6,94V 13 000Hz
14 000Hz 1,26V 14 050Hz 6,88V 14 000Hz
15 000Hz 1,25V 14 780Hz 6,88V 15 000Hz
16 000Hz 1,35V 16 129Hz 6,75V 16 000Hz
17 000Hz 1,27V 17 519Hz 6,88V 17 000Hz
18 000Hz 1,29V 18 182Hz 6,94V 18 000Hz
19 000Hz 1,39V 19 231Hz 6,81V 19 000Hz
20 000Hz 1,25V 20 000Hz 6,75V 20 000Hz

A.1.9 Comparison of Output Waveforms

In the following the output waveform from the Raspberry Pi and the USB sound card are compared. The
comparison is made at fourth different frequencies to get an overview of the differences. Furthermore
the measurements are normalized and compared with the reference signal as well. The measurement
waveforms have been made for every frequencies represented in the Table A.1.8 above and can be found
on the appendix CD.

/Graphs and Figures/rpi_frequency_output/data

A.1.10 Conclusion

From the raw measuring results in Table A.1.8 it is shown, that the RPI sound card and the USB sound
card individually are very accurate both in the frequency and in the V

pp

output at every frequency. But
when taking a look at the graph comparisons especially from 4000 kHz and at higher frequencies, it can
be seen that the sine waveform is getting more and more sawtooth like compared to the USB sound card.
The waveform from the RPI sound card is getting more and more ugly and sawtooth like the higher the
frequency, which means that the RPI sound card is not suitable for this project.

A.1.11 Uncertainty of Measurements

In this case the small calculation and reading uncertainties of the raw measuring results is not important
to the conclusion, which were made by looking at the waveform comparisons. The raw measuring results
were made to see if there were any big changes in the frequency and V

pp

values for each sound card and
therefore the small uncertainties in the calculation and reading is not important to get the overall picture.
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Figure A.3: The waveform at 20 Hz—Raspberry Pi
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Figure A.4: The waveform at 20 Hz—USB sound card
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Figure A.5: The waveform at 4000 Hz—Raspberry Pi
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Figure A.6: The waveform at 4000 Hz—USB sound card
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Figure A.7: The waveform at 10000 Hz—Raspberry Pi
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Figure A.8: The waveform at 10000 Hz—USB sound card
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Figure A.9: The waveform at 20000 Hz—Raspberry Pi
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Figure A.10: The waveform at 20000 Hz—USB sound card
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A.2 Measurements of 6th Order Butterworth Band Pass Filters’ Frequency Response

A.2.1 Purpose

The purpose of this measurement is to determine, if the butt6bp() filters fulfills the requirements.

A.2.2 Test Objects

• main.c, butt6bp.c, butt6bp.h, mypcm.h.

/filter_design/test_alsa/

A.2.3 Test Setup

The test setup is split into a calibration setup and a measuring setup. These are seen in the Figures A.11
and A.12.

Oscilloscope

chan1

BNC Jack USBJack

USB soundcard

inout

USB

NO

FILTER

Signal generator

BNC−to−Jack
out

BNC

BNC

chan2

Figure A.11: Calibration setup for making sure the input and output has the same amplitude if no filter is applied.

USB

USBJackJack

USB soundcard

BNC BNCBNCBNC

FILTER[i]

Frequency analyzer

Frequency analyzer I/O

Figure A.12: Setup for doing frequency analysis of the filters. The measurement is done 16 times, to get through all filters, one at a time
and at last to get the frequency response if all filters are set to unity gain.

A.2.4 Equipment Used

Instrument AAU-number. Manufacture, type etc.

Oscilloscope 33875 Agilent 54621A
Sound card 78377 Edirol USB AudioCapture UA-25EX
Frequency Analyzer DAQmx Swept Sine
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A.2.5 Test Procedure

Calibration
1. The filter program is set to pass the input signal directly to the output.
2. The signal generator is set to an output of 500mV amplitude, 1000Hz. This is done by observing

the oscilloscope.
3. The sound card’s gain control is turned up as much as possible without the peak LED lighting up.
4. The sound card’s output control is set so the output is 500mV amplitude. This is also done by

observing the oscilloscope.

Frequency Analysis Measurement
1. The frequency analyzer is set to an output of 500mV amplitude, with a sweep from 10–44 100Hz,

recording 400 data points.
2. The sweep is performed on a tested filter with unity gain, and zero gain on all other filters. The

output amplitudes characteristics are plotted.
3. The ideal Class 2, 1/3 octave filters are plotted on top.
4. 2 and 3 are done for each filter from 0–14.
5. All filters are applied with unity gain. The sweep is performed and the output amplitude character-

istic is plotted.

A.2.6 Results
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Figure A.13: All filters measured and compared to DS/EN 61260

A.2.7 Conclusion

The measurements in Figure A.14 shows that all filters, except one, is compliant with the DS/EN 61260.
The filter with center frequency at 79Hz, is somehow outside the required limits. It can be concluded that
the filter design withholds Requirement 6 and with a little effort the error should be fixable by adjusting
the coefficients of the specific filter.

A.2.8 Uncertainity of Measurements

• The sound card indicated a peak in the peak LED, with a sine wave of 0,5V and with the compres-
sor/limiter switched off. The peak LED showed no emission with a sine input of 50mV. Anyhow
the amplitude response with 50mV is similar to Figure A.14, as can be seen on Figure A.16.
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Figure A.14: Measurement results of the designed filters in the band from 40Hz to 1 kHz. Each of the filters in the upper plot is a separate
measurement. The bottom plot is measured through an addition of all bp-filters.

• The cables that was used during this measurement was not of best quality and might have introduced
a small amount of noise. This has however, not been measured.
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Figure A.15: Measurement results of all the filters applied. Amplitude in the top. Phase in the middle. Calculated Group Delay in the
bottom.
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Figure A.16: All filters with input of 50mV
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Figure A.17: Ripple of all bp-filter outputs added together.
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A.3 Implementation of Treble Filter
To cover the treble area, a static filter is needed which is not suppose to be controlled from the main
program. Firstly it is decided to reuse the cascaded biquad C-implementation algorithm. Therefore an
obvious 3rd order Butterworth band pass filter is developed with corner frequencies at 1225Hz and 20 kHz.

A.3.1 3rd Order Band Pass Filter

The design followed the procedure described in Section 8.4. The only difference was the pairing of poles
and zeros was different as shown in Figure A.19. The result is shown amongst others in Figure A.18. All
the measurements in this section has been carried out by using the same procedure as described in Sec.
A.2.
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Figure A.18: Implementation of 3rd order BP-filter from 1225 kHz to 20 kHz. All measurements are shown in blue. In green is a calculated
6th order HP-filter.
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Figure A.19: Pairing of poles and zeros for the treble filter which was designed as a band pass filter.

10
2

10
3

10
4

−100

−80

−60

−40

−20

0

20
All filter outputs added together − with BP−filter from 1225Hz to 20kHz

Frequency [Hz]

A
m

p
lit

u
d
e
 [
d
B

]

Figure A.20: Implementation of a high 3rd order band pass filter.
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Figure A.21: Ripple in the implementation of a 3rd order band pass filter from 1225Hz to 20 kHz is app. 14dB.

From measuring the frequency response of the implementation of a 3rd order band pass filter, it is
concluded that a better ripple is needed. From Figure A.20 it is noted that the sound card has a built in
anti aliasing filter, therefore the next approach is to use all the 6 delays in the C-algorithm for implementing
a 6th order HP-filter from 1225Hz.

A.3.2 6th Order High Pass Filter

An implementation of a 6th order HP-filter with a cut off frequency at 1225Hz shows that an improved
ripple is obtained, compared the 3rd order band pass filter in Section A.3.1. Therefore this design is chosen
as a satisfying solution, when not using 30 bands, or another algorithm with a higher order than 6. In this
design it is then decided to move the cut off frequency upwards in steps of 10Hz, execute the C-program,
and then measure the ripple again, to see if the ripple will improve in the measurements.
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(a) 1225Hz HP-filter
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(b) 1235Hz HP-filter
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(c) 1245Hz HP-filter
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(d) 1255Hz HP-filter

Figure A.22: Ripple of HP-filter with cutoff at different frequencies.
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Because it is preferred to have a smaller ripple especially upwards as a peak, it is decided to implement
the high pass, with a cut off frequency at 1235Hz, shown in Figure A.22b. This filter has only 2 dB peak
and is an improvement. The next approach is to lower both the gain factor of the high pass, so that it fits
the mean value of the pass band from 40Hz to 1 kHz and in the same approach, lower the 1 kHz BP-filter
gain to further improve the filter frequency response ripple, and especially to keep the filter from clipping,
preventing it from peaking at 0 dB. The results are shown in Figure A.23c in Section A.3.3

A.3.3 Improving the 1235 High Pass Ripple
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(a) Ripple with HP-filter at 1235Hz and a Gain Factor of 1.
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(b) Ripple with HP-filter at 1235Hz and a HP-filter gain factor of 0,9.
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(c) Ripple with HP-filter at 1235Hz and a hp-filter gain factor of 0.9 and 1 kHz gain factor of 0,8.

Figure A.23: Reduction of ripple by adjusting gain factors for the upper BP-filter and the HP-filter.

It is now concluded to design the initial settings for the filter with the hp-filter with a cut off frequency
1235Hz and a gain factor of max 0,9 and the 1 kHz band is allowed to max have a gain factor of 0,8. Now
the range of attenuation will be further investigated by measuring this concluded filter setup.

A.3.4 Attenuation Range

It must now be investigated how much the designed filter is able to attenuate at a given frequency.
Therefore some test will be made by setting filters at different gain factors and measuring the frequency
response on the output.
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(a) Gain: 0,9
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(b) Gain: 0,8
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(c) Gain: 0,7
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(d) Gain: 0,6
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(e) Gain: 0,5

Figure A.24: The 250Hz filters attenuation at different gain factors.
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(a) Gain: 0,4

10
2

10
3

10
4

−30

−25

−20

−15

−10

−5

0

Dampening of Filter at 250Hz

Frequency [Hz]

A
m

p
lit

u
d
e
 [
d
B

]

(b) Gain: 0,3
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(c) Gain: 0,2
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(d) Gain: 0,1

Figure A.25: (Continued) The 250Hz filters attenuation at different gain factors.

By doing this research it is seen that somewhere between a gain factor of 0,2 and 0,1 the calculations
flip over so that the attenuation becomes negative. More measurements have been carried out to determine
how much attenuation can be obtained when

• All band pass gains are 0–0,3.
• Every second gain is 1 and the others are 0–0,3.
• Every second gain is 0–0,3 and the others are 1 (reversed).
• Two middle gains are 0–0,3, the others are 1.
• Four middle gains are 0–0,3, the others are 1.
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• The two outermost gains are 0–0,3, the others are 1.

These measurements are shown in the Figures: A.26, A.27, A.28, A.29, A.30, and A.31. From these it can
be seen that gains at below 0,2 generally gives less attenuation than at 0,2, which is unexpected.
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Figure A.26: All filter gains are varied.
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Figure A.27: Every second filter gains are varied.
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Figure A.28: Every other second filter gains are varied.
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Figure A.29: Two middle filter gains are varied.
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Figure A.30: Four middle filter gains are varied.
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Figure A.31: The two outermost filter gains are varied.
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Figure A.32: Frequency Response of the UA-25EX sound card that was used during these tests.

A.4 Conclusion
The high pass has a bit of a change in cutoff frequency to minimize ripple around the transition from band
pass filters to high pass filters. The new cutoff frequency is

• fHP = 1235Hz

Also, the gain factor at 1235Hz is set to not go above

• maxG1235Hz = 0,9

and the maximum gain at 1000Hz must not be above

• maxG1000Hz = 0,8

When looking at the attenuation it is seen that the minimum gain, that should be used for the band
pass filters, is

• minG = 0,2

as this gives more attenuation than a gain of 0.

A.5 Measurements of Bluetooth Sound Output

A.5.1 Purpose

The purpose of the measurements, is to determine how well the Bluetooth module, is able to reproduce
certain sinusoid-waves at different frequencies. The measurements will also determine the output voltage
at different frequencies.

A.5.2 Test objects

• Bluetooth module RN-52

A.5.3 Test Setup

The following figures show the test setup

A.5.4 Equipment Used

Instrument AAU-number. Manufacture, type etc.

Oscilloscope 64572 Agilent Technologies DSO6034A
Bluetooth Module N/A Roving RN-52
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Oscilloscope Minijack/jack to BNC converter 

BNC

chan1

BNC Jack BNC Minijack Minijack

Bluetooth module

Transmitting sound via Bluetooth

Figure A.33: Test setup with RN-52 module

A.5.5 Test Procedure

To test the frequency response, we first generated 24 different lossless wave files, which contains sinusoids
at different frequencies. The wave files were made in Audacity and the different generated tones are shown
in the following Table A.5.5.

Type Frequency

Sinusoid 20Hz
Sinusoid 50Hz
Sinusoid 100Hz
Sinusoid 500Hz
Sinusoid 1 kHz
Sinusoid 2 kHz
Sinusoid 3 kHz
Sinusoid 4 kHz
Sinusoid 5 kHz
Sinusoid 6 kHz
Sinusoid 7 kHz
Sinusoid 8 kHz
Sinusoid 9 kHz
Sinusoid 10 kHz
Sinusoid 11 kHz
Sinusoid 12 kHz
Sinusoid 13 kHz
Sinusoid 14 kHz
Sinusoid 15 kHz
Sinusoid 16 kHz
Sinusoid 17 kHz
Sinusoid 18 kHz
Sinusoid 19 kHz
Sinusoid 20 kHz
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The frequency and peak-to-peak voltage will be measured for each frequency in the Table A.5.7 below,
on an oscilloscope. Furthermore, for each measurement the output from the oscilloscope will be saved to
a csv-file for graphing of the waveform. The sound levels are set to 0 dB with no gain to avoid clipping.
The Bluetooth module uses a 3,5mm TRS connector for the sound output, and a 3,5mm TRS connector
to BNC was built to interface it with the oscilloscope, however all measurements was done in mono.

A.5.6 Results

A.5.7 Measurements

The raw results is in the Table A.5.7 below.

Input frequency Measured frequency V
pp

20Hz 20,0Hz 341mV
50Hz 50,0Hz 344mV
100Hz 100,1Hz 344mV
500Hz 500,0Hz 344mV
1Hz 1,0 kHz 347mV
2 kHz 2,0 kHz 341mV
3 kHz 2,99 kHz 344mV
4 kHz 4,0 kHz 344mV
5 kHz 5,0 kHz 338mV
6 kHz 6,01 kHz 344mV
7 kHz 6,99 kHz 338mV
8 kHz 8,0 kHz 334mV
9 kHz 9,01 kHz 334mV
10 kHz 10,0 kHz 331mV
11 kHz 11,01 kHz 328mV
12 kHz 11,99 kHz 325mV
13 kHz 13,02 kHz 322mV
14 kHz 14,01 kHz 319mV
15 kHz 14,97 kHz 319mV
16 kHz 15,97 kHz 316mV
17 kHz 17,07 kHz 316mV
18 kHz 18,12 kHz 313mV
19 kHz 18,90 kHz 303mV
20 kHz 19,69 kHz 275mV

A.5.8 Output Waveforms

The measurement waveforms has been made for every frequencies represented in the Table A.5.7 above
and can be found on the appendix CD.

/Graphs and Figures/bt-module

A.5.9 Conclusion

From the raw measuring results in Table A.5.7 it is accurate both in the frequency and in the V
pp

output
at every frequency. But its seen that the waveforms are not perfect especially in the high frequencies. It
does not seem to be stable in the frequency and its time-shifted. However it is not a major problem, and
it should be sutable for the project.
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Figure A.34: The waveform at different frequencies.

A.5.10 Uncertainty of Measurements

It’s hard to say which uncertainties there could be, when during the raw measurements on a oscilloscope.
In this case the small calculation and reading uncertainties of the raw measuring results is not important
to the conclusion, which were made by looking at the waveform comparisons. The raw measuring results
were made to see if there were any big changes in the frequency and V

pp

values and therefore the small
uncertainties in the calculation and reading is not important to get the overall picture.
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B.1 Calculations for the Signal Amplifier for the Bluetooth Module

Component values
First the input voltage V

s

is chosen to be 5V, so it can be implemented with USB. Next a BC547 NPN
transistor is chosen, the collector I

c

is set to 1mA. The node V
c

is chosen to be 2V, due to the input signal
being around 350mVpp and since the amplification should be around 8 times, which makes Vout = 2.8.
The following equation can be made,

V
c

= 0,3V + 0,7V + I
c

R
e

= 2V (B.1)

Now the resistor R
c

can be calculated, since we know there are 3V over R
c

because V
c

is 2V therefore
R

c

is given by the following equation.

R
c

=

3V
1mA

= 3 kΩ (B.2)

Now the R
e

resistor can be calculated, this resistor decides the amplification, and is given by[23]:

A
v

=

�g
m

·R
c

g
m

·R
e

+ 1

(B.3)

Assumed that R
e

� 1, the expression can be simplified to:

A
v

= �R
c

R
e

(B.4)

And now R
e

can be calculated:
R

e

=

3 kΩ
10

= 300Ω (B.5)

The bias-voltage V
b

can be calculated:

V
b

= I
c

·R
e

+ 0.6 = 0.4 + 0.6 = 1V (B.6)

The radio between R1 and R2 is 5 :

1, because a high input impedance is wanted, therefore is R1 = 500 kΩ
and R2 = 100 kΩ

Next up is to calculate the capacitor values. The cutoff frequency is set to 2Hz. First the value of C2

is found—for this the output impedance is needed, so:

Z
o

⇡ R
c

= 3 kΩ (B.7)

and thus:
2⇡f = !0 =

1

RC2
(B.8)

now we can calculate C2:
C2 =

1

2⇡ · 2Hz · 3 kΩ
= 20 µF (B.9)

The same method is used to calculate C1 and the input impedance is:

Z
i

⇡ R1 k R2 = 83,3 kΩ (B.10)

thus C1 is:
C1 =

1

2⇡ · 2Hz · 83,3 kΩ
= 955,31 nF (B.11)
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B.1.1 Impedances of the Voltage Amplifier

It is important to calculate and then measure the input and output impedance of the bipolar junction tran-
sistor amplifier circuit built in the Section 10.4. According to the Requirement 26 the output impedance
must be less than 10 times the input impedance.

Calculation of The Impedances
To calculate impedances one must make a small signal equivalent circuit diagram for a BJT transistor.
Then impedances can be calculated as Z =

V

Z

I

Z

Input Impedance The diagram of the transistor circuit shown on the Figure B.1 is used to calculate input
impedance. The resistor R

B

= R1 k R2 = 83,333 kΩ. From the data sheet it is known that h
FE

= 290.
Thermal voltage is known to be 25,7E�3. The transconductance can be found from collector current and
thermal voltage gm =

I

C

V

T

= 38,91mS. The basis-emitter resistance can be found as r
⇡

=

h

FE

gm

= 7,453 kΩ.
The current source can be written as gm · V

⇡

or as h
FE

· I
B

.
Input impedance can be written as:

Z
i

=

R
B

· (r
⇡

+ (1 + h
FE

) ·R
E

)

R
B

+ (r
⇡

+ (1 + h
FE

) ·R
E

)

= 49,815 kΩ (B.12)
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Figure B.1: Small signal equivalent diagram for the BJT transistor circuit when calculating input impedance

Output Impedance The diagram of the transistor circuit shown on the Figure B.2 is used to calculate
output impedance.
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Figure B.2: Small signal equivalent diagram for the BJT transistor circuit when calculating output impedance

Output impedance can be written as:

Z
i

=


R

B

· (r
⇡

+ (1 + h
FE

) ·R
E

)

R
B

+ (r
⇡

+ (1 + h
FE

) ·R
E

)

�
k R

c

= 3,703 kΩ (B.13)
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Mesearments of the Impedances
The input impedance has been measured as described in Section 27. The output impedance has been
measured as described in Section 26.

Input Impedance The voltage of the voltage generator is measured to V
g

= 0,328Vpeak. The resistance
has been chosen to be 10 kΩ. The voltage measured after the voltage drop in resistance is V

Z

i

= 0,281V.
Current can be found from the voltage drop across the resistance.

I =

V
g

� V
Z

i

R
s

= 4,7 µA (B.14)

The input impedance can be found as:

Z
i

=

V
Z

i

I
= 59,787 kΩ (B.15)

Output Impedance The voltage without load has been measured to V
o

= 2,47V. Load has been chosen
to be 34 kΩ, as it is the input impedance of the TRS input on sound card. Voltage with load is measured
to be V

R

L

= 2,22V.
Current running through the load can be found from the voltage drop across the load.

I =

V
R

L

R
L

= 65,293 µA (B.16)

The output impedance can be found as:

Z
o

=

V
o

� V
R

L

I
= 3,8288 kΩ (B.17)

B.1.2 THD of the Voltage Amplifier

Calculation of the THD
THD can be found from the equation:

THD =

q
HD2

2 + HD2
3 = 6,4547E�3 = 0,645% (B.18)

F can be found as:
F = 1 +

I
C

V
T

·
✓

R
s

h
FE

+R
E

◆
= 12.674 (B.19)

ˆV
s

0
=

ˆV
s

· R
B

R
s

+R
B

= 99,99mV (B.20)

The second harmonic can be found as:

HD2 =
1

4

·
ˆV 0

F 2 · V
T

= 6,0499E�3 (B.21)

The third harmonic can be found as:

HD3 =

����
3� 2 · F
24 · F 4

���� ·
 

ˆV 0

V
T

!2

= 2,25E�3 (B.22)

Measurment of the THD
THD has been measured with a frequency analyzer, the result can be seen on the Figure B.3
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Figure B.3: Total Harmonic Distortion in the voltage amplifier

B.2 Frequency Analysis Procedures
The Base Station system is required to analyze some datasets containing the frequency content of both
the reference signal and the microphone system input. This is suppose to be carried out in real time. In
order for this design to be carried out it is necessary to outline the possibilities in this matter. There is the
possibility of applying the fourier transform to the input signals. There is also the possibility of designing
filter banks and downsampling. This will be discussed in the following.

B.2.1 Discrete Fourier Transform (DFT)

It is possible to apply the discrete fourier transform to the inputs, where the input samples are gathered
in blocks through a window of a defined length in samples. This will add a delay to the response time of
the filter adjustment. This delay will minimum consist of the the window time, added to the computation
time. The Discrete Fourier Transform is described by Equation B.23.

X(m) =

N�1X

n=0

x(n)e�j2⇡mn/N

=

N�1X

n=0

x(n)Wmn

N

(B.23)

where

• m is a positive integer from 0 to N-1.
• X(m) is the periodic frequency spectrum.
• x[n] is the periodic input secuency.
• W

N

is the twiddle factor e�j2⇡/N .
• N � 1 is the filter order.

From this equation it is important to note that X(m) will take N2 complex multiplications and also
(N � 1)m additions.[19]

B.2.2 Fast Fourier Transform (FFT)

The required amount of calculations for the basic DFT is reduced by using the Fast Fourier Transformation
(FFT) algorithm. The radix-2 FFT, by Tukey & Cooley, is done by separation of the input data sequence
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x(n) into its even and odd indexed elements. This will break Eq. B.23 into Eq. B.24.

X(m) =

(N/2)�1X

n=0

x(2n)e�j2⇡(2n)m/N

+

(N/2)�1X

n=0

x(2n+ 1)e�j2⇡(2n+1)m/N (B.24)

Because W 2
N

= e�j2⇡2/(N)
= e�j2⇡/(N/2) Equation B.24 can be expressed, as

X(m) =

(N/2)�1X

n=0

x(2n)Wnm

N/2 +Wnm

N

(N/2)�1X

n=0

x(2n+ 1)Wnm

N/2 (B.25)

Now the interesting part is the ability to give an N-point DFT, with only N/2 summations. This procedure
of seperating the input part into two parts, can then by done again as long as N allows for it. This means
that N has to be chosen as a power of 2 to make this algorithm most efficient.[14]

B.2.3 Filter Banks

To be able to use great amount of filters, and reduce the amount of calculations in this matter, it is possible
to use the technique of multirate signal processing, by downsampling. When downsampling a signal the
data rate is lowered. This can be beneficial for algorithms that operates in real-time, because less data is
processed. It is as always important to maintain the Nyquist sampling theorem, therefore it follows that
the respective signal should be band limited when downsampling. When digital filters are designed in the
normalized frequency domain of radians per sample, it is possible to move the cutoff frequency of a filter
by changing the sample rate, as shown in Eq. B.26 [19].

f
c

=

⌦

c

2⇡
f
s

(B.26)

where

• f
c

is the new cutoff frequency.
• ⌦

c

is the present normalized cut off frequency.
• f

s

is the sampling frequency.

The cut off frequency will then be scaled to new frequency. In the case of using third octave design,
described in Section 2.5 it is possible to use only three filters/channels. The octaves are seperated by a
factor of 2, so it would be possible to use one filter for the octave design, and decimate by a factor of
2.
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B.3 Difference Equation for Cascaded Biquads



C Extended Analysis

C.1 Speaker
When designing a loudspeaker system, there are many aspects to take into account. The speaker design
is considered as a very important factor when building a loudspeaker system. In this project the goal is
to design a product for any home environment and therefore this system must be designed to work with
different speaker designs. The more relevant aspects in this project are the speaker pressure level and how
sound waves travel through air.

C.1.1 Speaker Sensitivity

Sensitivity of a loudspeaker is often specified in terms of Sound Pressure Level for 2,83VRMS input [15].
Sensitivity is defined as a value of dBSPL at 1W electrical input. The measurement is usually carried out
with a voltage of constant 2,83VRMS, at 8Ω impedance, measured at the distance of 1 meter.

The power, P
L

, which is transferred to the speaker load, R
L

, is calculated from the voltage V accross
the load:

P
L

=

V 2

R
L

) (2,83VRMS)
2

8Ω
= 1W (C.1)

So if measuring 80 dBSPL at 1VRMS, the loudspeaker sensitivity is calculated, for a 8Ω speaker, 2,83V
as showed in Equation C.2, by calculating the difference to when 2,83V is applied, and then adding this
difference to the measured SPL.

�SPL = 20 log

✓
2,83

1

◆
= 9,4 dB ) Sensitivity = SPL +�SPL = 80 dB + 9,4 dB = 89,4 dB (C.2)

A measurements taken with this reference are quoted as 89,4 dB with 2,83V@1m. These ratings based
on the SPL for a given input are called sensitivity ratings and are notionally quite similar to efficiency,
but these are not the same. Speaker sensitivity is expressing how a given voltage translates to pressure
variations in the air.

C.1.2 Sound Progation Through Air

The definition of sound pressure level, L
p

, is expressed in Equation C.3, where PRMS is the pressure
variation. It is relative to the minimum pressure level that the human ear can hear, which is 20 µPa.

L
p

= 20 log

✓
PRMS

Pref

◆
(C.3)

where

• L
p

is the sound pressure level in dB
• PRMS is the sound pressure in Pa
• Pref = 20 µPa is the reference sound pressure in Pa.

The velocity of any sound wave through air is given by the following Expression C.4

v = 331,5m/s ·
r
1 +

t

273K
(C.4)

where

• v is the velocity in m/s.

121
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• t is the measured temperature in �C.
• K is the degree in Kelvin.

[5]
There is a linear relationship between the velocity, the wavelength and the frequency as shown in

Equation C.5.
velocity = Wavelength · Frequency (C.5)

From the expression in Equation C.5 the wavelength can be found in Equation C.6:

Wavelength =

velocity
Frequency

(C.6)

Thus the lower the frequency the greater the wavelength. This means that it has to be taken into account
that low frequency sound waves contains great amount of energy, and also takes up more space in a digital
memory. Another important factor when talking about sound waves through air is that sound travels in
spherical direction and reflects when meeting hard surface mediums such as walls. As described earlier the
idea is to design a product that will work in any home environment and therefore this must be considered
in the design of this system.

C.2 Capacitor Microphone

              Metal electrode

Flow of charging 

Current, Q

Voltage

Output

 Bias

 Diaphragm

ξ

Figure C.1: Diagrammatic representation of the principle of a capacitor microphone

C.2.1 Tranducer Principles

As shown in Figure C.1 the diaphragm is a membrane that acts as one plate of a capacitor. A second
electrode serves as the other plate. When sound pressure variations moves this diaphragm inwards, the
capacitance of this capacitor increases. The charge, Q, of the capacitor is kept constant. Then, the
potential across the capacitor drops, because V = Q/C. When the cycle reverses and a negative pressure
is applied to the diaphragm, the potential across the capacitor increases. The output voltage, therefore,
is proportional to the displacement, ⇠, of the diaphragm, as shown in Equation C.7.

v =

Q

✏A
⇠ (C.7)

where

• Q is the supplied constant charge in A.
• A is the area of the overlap of the two electrodes in m2

• ⇠ is the displacement of the diaphragm in m
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• ✏ is the dielectricum of the capacitor which is a medium-dependant constant.
• v is the output voltage signal in V.

[5] The disadvantage of the conventional capacitor microphone is the necessity of a 12 to 48V polarizing
voltage [4]. A variant has been developed, without this necessity, which is build with pre-polarized electret
membrane. These electret microphones have the advantages of freedom from a power supply and also
lower self-noise in high humidity [3].

C.3 Microphone Sensitivity and Sources of interference
The microphone sensitivity is the factor of signal voltage output, which is produced when a given input
of sound pressure is applied to the microphone. The common notation for sensitivity is M in V/Pa. The
microphone sensitivity is usually close to 1Pa, which is equal to 94 dBSPL.

L
p

(1Pa) = 20 log

✓
1Pa

20 µPa

◆
= 94 dB (C.8)

Some typical values of microphone sensitivities are shown in Table C.1. Since the output of a microphone is

Type V/Pa dB re 1 V/Pa

Dynamic 1 – 5mV �60 – �46 dB
Capacitor 5 – 50mV �60 – �26 dB
Electret 2,5 – 10mV �52 – �40 dB

Table C.1: Typical values of sensitivity for different types of microphones [4].

linear with pressure, the units of V/Pa fall out naturally. Although sensitivity units of V/Pa are commonly
used, the older units are still in use, and microphone sensitivity can be expressed in dB using a calculation
that simply references the output of the microphone to a theoretical microphone which can pump out
1VRMS for 1Pa of RMS pressure, as shown in Equation C.9, where M is the sensitivity, usually in mV.

sensitivity = 20 log


M

1

�
(C.9)

C.3.1 Sources of Interference

It is desirable to have an electrical output from the microphone which is a faithful, undistorted image of
the sound pressure acting on the microphone. Practical microphones may fall short of ideal performance.
To accomplish an overview in the design phase, the error sources are listed here.

• Noise or induced signal may be present when there is no acoustical signal
• Nonlinear distortion can generate harmonics from a pure tone and causes the appearance of sum

and difference frequencies when two or more pure tones are involved.
• Frequency distortion may suppress or accentuate some frequencies.
• Phase distortion, which delays the response of a microphone to different frequencies by different

amounts, is likely to be present
• The sensitivity of the microphone may change as a result of temperature, humidity, or ambient

pressure changes, rough usage, or age.

If the nature and magnitude of the imperfections of the device are known, these can be cancelled out.
Some techniques are listed here.

• Changes in sensitivity can be cancelled by compensatory changes in attenuation or amplification of
the electric signal.
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• Phase and frequency distortion can be cancelled, over a limited frequency range, by electric equalizing
networks.

• Induced signals may be excluded by shielding or shortening leads.

This sums up some important factors to choose a microphone for precise measurement.

• Sensitivity tolerance.
• Frequency distortion tolerance.
• Phase distortion tolerance.
• Non-linear distortion tolerance.
• Self-noise tolerance.

[3]

C.4 Bluetooth Communication Scheme
Bluetooth was originally developed for the use with mobile phones, PDA’s, etc. It is an Ad Hoc communi-
cation scheme that is in the 2.4 Ghz frequency spectrum. Today it is used in many applications and there
are many different protocols on top of the Bluetooth stack.

C.4.1 Radio Spectrum

The operating frequency is chosen mainly such that the spectrum is public with any licenses worldwide.
This requirement narrows it down to the unified worldwide unlicensed band that is 2.4 Ghz. However
since this band is public available a lot of devices use it such as WiFi, Amateur Radio and even microwave
ovens. So this channel is bound to have a lot of noise from other devices, which should be taking into
account.

Interference
Instead of doing interference suppression in the Bluetooth hardware, it was found that avoidance was more
practical since the 2.4 Ghz band provides around 80 MHz of bandwidth. So when a channel is jammed
due to interference, it changes to avoid conflicts with interference. It performs around 1600 frequency hops
per second, with AFH enabled (Adaptive Frequency-Hopping)

C.4.2 Modulation Scheme

In the original design Bluetooth only used a Gaussian frequency-shift keying modulation (GFSK), however
since Bluetooth became widely spread and applications needed more throughput, new modulation schemes
was introduces in the Bluetooth 2.0. The new modulations schemes are ⇡

4 -DQPSK and 8DPSK modulation,
which significantly improves the throughput, each having a throughput of respectively 2 and 3Mbit/s .

C.4.3 Protocol and packets

Bluetooth implements a packet based communication, the stream of data is fragmented and wrapped in
packets. All packets have the same format, starting with an access code, then a packet header and lastly
the payload. This packet-format can be seen on Figure C.2.

Access
code Header Payload 

LSB MSB72 bits 54 bits 0-2745 bits

Figure C.2: Format of Bluetooth packets.
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The Access code includes an identifier for the master, and every time a package is send it is identified by
this master identity and only in the case it matches, the master accept the package. This avoids spoofed
messages and also crossover if two devices happen to be on the same hop carrier frequency.

The Header includes a 3 bit slave address to separate different slaves, a 4 bit packet type that defines
what type of payload it is transmitting, a 1 bit ACK/NACK, a 1 bit flow control bit, and an 8 bit CRC
code for error detection.

The Payload includes nothing but the user data, and it has a variable length from 0 to 2745 bits.

Protocol stack
The Bluetooth protocol is build like many other network technologies, where different abstraction layers
are used. The Bluetooth protocol stack is shown on Figure C.3.

Figure C.3: Bluetooth protocol stack.

C.4.4 Power usage

Because there are so many different wireless communication methods and devices, this section will focus
on the power consumption of various Bluetooth versions.

A new kind of Bluetooth is being develop, called Bluetooth Low Energy, which is a new kind of energy
efficient Bluetooth. There have been made several tests, comparing regular Bluetooth to the new power
efficient Bluetooth Low energy. By looking closer at these tests it is clear these results can be concluded.

• Peak current consumption for the regular Bluetooth: < 30mA.[6]
• Peak current consumption for the Bluetooth Low Energy: < 20mA.[6]

Since most Bluetooth devices uses the regular Bluetooth technology, it can be assumed that the power
consumption will be around 30mA, according to the tests performed.



126 APPENDIX C. EXTENDED ANALYSIS

C.5 Filter Definition
Filters are used widely in electronics for adjusting the frequency bands by removing the unwanted fre-
quencies. Filters can be divided in low pass, high pass, band pass, band reject, and all pass types. It’s
possible to combine these into more complex filter systems. Filters can be designed as passive or active.
Active filters use active components, such as amplifiers, and passive filters only uses passive components
like capacitors, inductors, and resistors.

Filters can be designed in two ways: analog or digitally. Analog filters are only suitable for continuous-
time signals where digital filters are suitable for discrete-time signals. The transfer function of an analog
filter can be obtained with the Laplace transform, which can be translated to discrete-time with the
z-transform.

When designing a filter, the chosen frequency response can be achieved by designing a transfer func-
tion, which depends on component values and circuit layouts.

Digital Filters Filters can be designed with or without feedback circuits. Filters with feedback are called
infinite impulse response (IIR) filters, and filters without feedback are called finite impulse response (FIR)
filters. FIR filters are more used than IIR filters. FIR filters are easy to implement on digital signal
processors and can be done just by looping simple instructions. With FIR filters, it is possible to achieve
performance levels which are not with analog filters. For example linear phase response. On the other
hand, an IIR filters is based on classical analog filter, and it’s impulse response extends over an infinite
period of time. Another thing that characterize IIR filters is non-linear phase response and higher efficiency
than FIR filters. A most common method for designing a IIR filter is to first design an analog equivalent
filter and then transform the function H(s) into the z-domain H(z). All common analog filter types like
Butterworth, Chebyshev, elliptical, and so on, can be implemented with IIR digital filter techniques. [13]

Series and Parallel Filters Filters can be built up into bigger filter systems which can consist of more
than on filter. Generally there are two filter topologies.

• When two or more filters are linked in series their transfer functions multiply together.
• When two or more filters are linked in parallel their transfer functions sum together.

Filters in Series On the Figure C.4 we can see two transfer functions H1(z) and H2(z), which are linked
in series. The combined transfer function H(z) can be expressed as

H2(z)V (z)

X(z)
= H1(z)H2(z) (C.10)

Figure C.4: transfer functions linked in series[10].

Filters in Parallel On the Figure C.5 can be seen two transfer functions H1(z) and H2(z), which are
linked in parallel. The combined transfer function H(z) can be expressed as

Y1(z) + Y2(z)

X(z)
=

Y1(z)

X(z)
+

Y2(z)

X(z)
= H1(z) +H2(z) (C.11)

C.5.1 Filter Comparisons from analysis
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Figure C.5: Two transfer functions linked in parallel[10].
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Figure C.6: Comparison of recordings and third octave design
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Figure C.7: Comparison of recordings and third octave design in the lower end of the audible range .
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Figure C.8: Comparison of recordings and one octave design

C.6 Filtering in Audio
Acoustics filters are widely used to damp different frequencies in the frequency spectrum. As it is known,
most people can not hear sounds wider than spectrum of 20Hz to 20 kHz. This is why most acoustic filters
are built to adjust frequencies in that spectrum.

Equalizing in Audio Equipment To have an overview of the existing equalizing technologies it has been
chosen to take a look at the professional hardware equalizer DN360, made by Klark Teknik Group and
the cheaper car equaliser PIONEER DEH-X3500UI. The DN360 equalizer has 30 frequency bands, which
range from 25Hz to 20 kHz with maximum boost/cut-off of 12 dB.

On the Figure C.9 can be seen all 30 frequency responses of the DN360 equalizer filters. It can
be seen that DN360 uses 30 band pass filters with different band width. Band width of the filters
increases to the centre frequency, because of the logarithmic nature of the design.[12] On the other
side car equaliser PIONEER DEH-X3500UI, uses design with only five bands with centre frequencies
in 80Hz/250Hz/800Hz/2,5 kHz/8 kHz, the equalisation range is ±12 dB with 2 dB step.[20]

Transition band ratio Transition band ratio is the ratio between stop band frequency and pass band
frequency (!

s

/!
p

). The lower the ratio—the steeper is the curve of the filter. In case of analog filters
the transition band ratio can also depend on component reaction times. In this particular project it is
important to choose the frequency band ratio in such way, that all important frequency spectrum are
covered.

Attenuation Attenuations are the values of the H(j!) equivalent to the values of the !
p

and !
s

. In some
cases values of attenuations ↵

p

and ↵
s

determinate the amplitude of the ripple and the type of the filter
to be used.

Boost/Cut-off The maximum boost or cutoff in the equaliser is in dB the amount frequency that can be
damped or boosted. This value will be affected by the transition band ratio of the filter.
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Figure C.9: Frequency bands and width of each band in DN360[12]

C.7 Description of the System Functionality by Use Case Description
This section is used to initialize the outlining in defining the system functionality before the system is
drawn in a block diagram. It will descripe the main functions of the system and give an indication of the
system interfaces. In the usecase diagramme Figure C.10 the functionalities are clustered into two general

$'-867,1*�/28'63($.(5

8VHU�
3RVLWLRQ

6SHDNHU

&RUUHFW�6LJQDO

*HW�$XGLR
'HWHFW�/HYHOV�RI�
)UHTXHQF\�%DQGV
DQG�&RPSDUH�ZLWK�

5HIHUHQFH

,�2 %DVH�6WDWLRQ

$XGLR�3OD\HU

Figure C.10: Use-case diagram of the system

groups with the titles I/O and Base Station. All functionalities are descriped in the following use-cases,
to give an overview of the system. The diagramme Figure C.10 will identify the outer interfaces to the
system, as well as the main interfaces inside the system. Furthermore the following use case descriptions
will imply how to divide the system down into smaller blocks, and where to define the interfaces of these.
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Figure C.11: Use case description of ‘Get Audio’
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Figure C.12: Use case of description of ‘Detect Level of Frequency Bands and Compare with Reference’.
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Figure C.13: Use case description of ‘Output’ and ‘Correct Signal’



D Source Code

1 #include "butt6bp.h"
2 #include "mypcm.h"
3

4

5 // --------------------------Functions ------------------------
6

7 /**
8 * Function to calculate RMS value.
9 * @param buf pointer to data_buffer.

10 * @return float containing RMS value.
11 */
12 double calculate_RMS (signed short *buf ,int size)
13 {
14

15 double squared_sum;
16 double data_RMS;
17 int i;
18

19 for ( i = 0 ; i < size ; i++ )
20 squared_sum += buf[i] * buf[i];
21 data_RMS = squared_sum / size;
22 data_RMS = sqrt(data_RMS);
23 return data_RMS;
24 }
25

26

27 /**
28 * Calculates the gain factor from the difference of RMS value of two buffers
29 * @param *ref_buf pointer to the referance buffer
30 * @param *mic_buf pointer to the microphone buffer
31 * @return gain_factor calculated gain factor
32 */
33 double calculate_coeff(signed short *ref_buf ,signed short *mic_buf)
34 {
35 double ref_rms;
36 double mic_rms;
37 double gain_factor;
38 double temp;
39

40 ref_rms = calculate_RMS (ref_buf ,BUF_SIZE /2);
41 // printf (" referance rms: %f\n",ref_rms);
42

43 mic_rms = calculate_RMS (mic_buf ,BUF_SIZE /2);
44 // printf ("mic rms: %f\n",mic_rms);
45

46 if((mic_rms -ref_rms)==0)
47 {
48 gain_factor =1;
49 }
50

51 else if((mic_rms -ref_rms) <0)
52 {
53 gain_factor =1;
54 }
55 else
56 {
57 temp =1/( mic_rms - ref_rms);
58 if (temp > 1)
59 gain_factor =1;
60

61 else
62 gain_factor=temp;
63 }
64 // printf ("gain factor %f\n\n", gain_factor);

131



132 APPENDIX D. SOURCE CODE

65 return gain_factor;
66

67 }
68

69 /**
70 * Split stereo buffer into two mono buffers
71 * @param stereo_buf pointer to the stereo buffer
72 * @param left pointer to left mono buffer
73 * @param right pointer to right mono buffer
74 */
75 void split_stereo (signed short* stereo_buf ,signed short* left ,signed short* right)
76 {
77 int i;
78 for (i = 0; i < BUF_SIZE /2; i++)
79 {
80 left[i]= stereo_buf [2*i];
81 right[i]= stereo_buf [2*i+1];
82 }
83

84 }
85

86 void filter_input (signed short* mic_input , signed short* ref_input , double* filter_gains , int
number_of_filters)

87 {
88 signed short filtered_mic_input[BUF_SIZE /2];
89 signed short filtered_ref_input[BUF_SIZE /2];
90 int i;
91 for (i = 0; i < number_of_filters; ++i)
92 {
93 butt6bp1(mic_input ,filtered_mic_input ,BUF_SIZE/2,i,1);
94 butt6bp2(ref_input ,filtered_ref_input ,BUF_SIZE/2,i,1);
95 filter_gains[i]= calculate_coeff(filtered_ref_input ,filtered_mic_input);
96 }
97 }
98

99

100

101 // ----------------------------Main ---------------------------
102

103

104 int main (int argc , char *argv [])
105 {
106 double filter_gains [16];
107 filter_gains [15]=1;
108 signed short stereo_input[BUF_SIZE ];
109 signed short mic_input[BUF_SIZE /2];
110 signed short ref_input[BUF_SIZE /2];
111

112 snd_pcm_t *capture_handle;
113 snd_pcm_t *playback_handle;
114 snd_pcm_hw_params_t *capture_params;
115 snd_pcm_hw_params_t *playback_params;
116 signed short output_buf[BUF_SIZE /2];
117

118

119 // -------ALSA setup ----------------------------------
120

121 open_pcm (& capture_handle ,PCM ,SND_PCM_STREAM_CAPTURE , 0);
122 snd_pcm_hw_params_malloc (& capture_params);
123 snd_pcm_hw_params_any (capture_handle , capture_params);
124 set_params(capture_handle ,capture_params ,STERIO ,RATE);
125 write_params(capture_handle ,capture_params);
126 prepair_interface(capture_handle);
127 snd_pcm_hw_params_free (capture_params);
128

129

130 open_pcm (& playback_handle ,PCM ,SND_PCM_STREAM_PLAYBACK ,0);
131 snd_pcm_hw_params_malloc (& playback_params);
132 snd_pcm_hw_params_any (playback_handle , playback_params);
133 set_params(playback_handle ,playback_params ,MONO ,RATE);
134 write_params(playback_handle ,playback_params);
135 prepair_interface(playback_handle);
136 snd_pcm_hw_params_free (playback_params);
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137

138 for (; ;)
139 {
140 record(capture_handle ,stereo_input ,BUF_SIZE /2);
141 split_stereo(stereo_input ,mic_input ,ref_input);
142 filter_input(mic_input ,ref_input ,filter_gains ,NUM_OF_FILTERS -1);
143 apply_all_filters(ref_input ,output_buf ,BUF_SIZE/2, filter_gains);
144 prepair_interface(playback_handle);
145 play(playback_handle ,output_buf ,BUF_SIZE /2);
146 }
147 return 0;
148 }

Listing D.1: main.c

1 #include <alsa/asoundlib.h>
2 #include <stdio.h>
3 #include <unistd.h>
4 #include <math.h>
5

6

7

8 // --------------------defines -----------------------
9 #define PCM "plughw :1,0"

10 #define BUF_SIZE 2048 /* 8192 */ /* 16384 */ /* 32768 */ /* 65536 */
11 #define STERIO 2
12 #define MONO 1
13 #define RATE 44100
14

15

16 // --------------------prototypes -------------------
17

18 /**
19 * Open the PCM device in playback mode
20 * and writes errror if device
21 * @param ** pcm_handle handle to pcm
22 * @param *card audio card to play to
23 * @param stream Wanted stream
24 * @param mode Open mode
25 */
26 void open_pcm (snd_pcm_t ** pcm_handle ,
27 char *card ,
28 snd_pcm_stream_t stream ,
29 int mode);
30

31

32 /**
33 * Restrict a configuration space to contain only
34 * one access type
35 * and writes an error if interleaved mode can’t be set
36 * @param ** pcm_handle handle to pcm
37 * @param *params configuration space
38 */
39 void set_access (snd_pcm_t *pcm_handle ,
40 snd_pcm_hw_params_t *params);
41

42 /**
43 * Restrict a configuration space to contain only one format
44 * and writes an error if format can’t be set
45 * @param ** pcm_handle handle to pcm
46 * @param *params configuration space
47 */
48 void set_format (snd_pcm_t *pcm_handle ,
49 snd_pcm_hw_params_t *params);
50

51

52 /**
53 * Restrict a configuration space to one channels count
54 * and writes an error if channels number can’t be set
55 * @param ** pcm_handle handle to pcm
56 * @param *params configuration space
57 * @param channels channels count
58 */
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59 void set_channels(snd_pcm_t *pcm_handle ,
60 snd_pcm_hw_params_t *params ,
61 int channels);
62

63

64 /**
65 * Restrict a configuration space to contatin only one rate
66 * and writes an error if rate can’t be set
67 * @param ** pcm_handle handle to pcm
68 * @param *params configuration space
69 * @param rate approximate rate
70 */
71 void set_rate(snd_pcm_t *pcm_handle ,
72 snd_pcm_hw_params_t *params ,
73 int rate);
74

75

76 /**
77 * Set hardware parameters
78 * and writes an errors if parameters can’t be set
79 * @param ** pcm_handle handle to pcm
80 * @param *params configuration space
81 * @param channels channels count
82 * @param rate approximate rate
83 */
84 void set_params(snd_pcm_t *pcm_handle ,
85 snd_pcm_hw_params_t *params ,
86 int channels ,
87 int rate);
88

89

90 /**
91 * Write hardware parameters
92 * and writes an error if hardware parameters can’t be set
93 * @param *pcm_handle handle to the pcm
94 * @param *params configuration space
95 */
96 void write_params(snd_pcm_t *pcm_handle ,
97 snd_pcm_hw_params_t *params);
98

99

100 /**
101 * Prepair audio interface for use
102 * and writes an error if it can’t be prepaired
103 * @param *pcm_handle handle to the pcm
104 */
105 void prepair_interface(snd_pcm_t *pcm_handle);
106

107

108 /**
109 * Extracts period time from a configuration space
110 * and writes an error if period time can’t be extracted
111 * @param *params configuration space
112 * @return tmp approximate period duration
113 */
114 unsigned int get_period_time(snd_pcm_hw_params_t *params);
115

116 /**
117 * Write contents of a buffer to the PCM
118 * write error when unable to write to PCM device
119 * @param ** pcm_handle handle to playback
120 * @param frames period size
121 * @param *buffer pointer to buffer
122 * @param buff_size size of the buffer
123 */
124 void play(snd_pcm_t *pcm_handle ,
125 signed short *buff ,
126 int buffer_size);
127

128

129 /**
130 * Reading from audio card to the buffer
131 * write errors too
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132 * @param ** pcm_handle handle to playback
133 * @param frames period size
134 * @param period length of period
135 * @param *buffer pointer to buffer
136 * @param buff_size size of the buffer
137 */
138 void record(snd_pcm_t *pcm_handle ,
139 signed short *buff ,
140 snd_pcm_uframes_t frames);

Listing D.2: mypcm.h

1 #include <alsa/asoundlib.h>
2 #include "mypcm.h"
3 #include <stdio.h>
4 #include <unistd.h>
5 #include <math.h>
6

7

8 /**
9 * Open the PCM device in playback mode

10 * and writes errror if device
11 * @param ** pcm_handle handle to pcm
12 * @param *card audio card to play to
13 * @param stream Wanted stream
14 * @param mode Open mode
15 */
16 void open_pcm (snd_pcm_t ** pcm_handle ,
17 char *card ,
18 snd_pcm_stream_t stream ,
19 int mode)
20 {
21 unsigned int pcm;
22 pcm = snd_pcm_open(pcm_handle ,card , stream , 0);
23 if (pcm < 0)
24 {
25 printf("ERROR: Can’t open \"%s\" PCM device. %s\n",
26 card , snd_strerror(pcm));
27 exit (1);
28 }
29

30 }
31

32

33 /**
34 * Restrict a configuration space to contain only
35 * one access type
36 * and writes an error if interleaved mode can’t be set
37 * @param ** pcm_handle handle to pcm
38 * @param *params configuration space
39 */
40 void set_access (snd_pcm_t *pcm_handle ,
41 snd_pcm_hw_params_t *params)
42 {
43 unsigned int pcm;
44 pcm = snd_pcm_hw_params_set_access(pcm_handle , params ,
45 SND_PCM_ACCESS_RW_INTERLEAVED);
46 if (pcm < 0)
47 {
48 printf("ERROR: Can’t set interleaved mode. %s\n",
49 snd_strerror(pcm));
50 exit (1);
51 }
52 }
53

54 /**
55 * Restrict a configuration space to contain only one format
56 * and writes an error if format can’t be set
57 * @param ** pcm_handle handle to pcm
58 * @param *params configuration space
59 */
60 void set_format (snd_pcm_t *pcm_handle ,
61 snd_pcm_hw_params_t *params)
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62 {
63 unsigned int pcm;
64 pcm = snd_pcm_hw_params_set_format(pcm_handle , params ,
65 SND_PCM_FORMAT_S16_LE);
66 if (pcm < 0)
67 {
68 printf("ERROR: Can’t set format. %s\n",
69 snd_strerror(pcm));
70 exit (1);
71 }
72 }
73

74

75 /**
76 * Restrict a configuration space to one channels count
77 * and writes an error if channels number can’t be set
78 * @param ** pcm_handle handle to pcm
79 * @param *params configuration space
80 * @param channels channels count
81 */
82 void set_channels(snd_pcm_t *pcm_handle ,
83 snd_pcm_hw_params_t *params ,
84 int channels)
85 {
86 unsigned int pcm;
87 pcm = snd_pcm_hw_params_set_channels(pcm_handle , params , channels);
88 if (pcm < 0)
89 {
90 printf("ERROR: Can’t set channels number. %s\n",
91 snd_strerror(pcm));
92 exit (1);
93 }
94 }
95

96

97 /**
98 * Restrict a configuration space to contatin only one rate
99 * and writes an error if rate can’t be set

100 * @param ** pcm_handle handle to pcm
101 * @param *params configuration space
102 * @param rate approximate rate
103 */
104 void set_rate(snd_pcm_t *pcm_handle ,
105 snd_pcm_hw_params_t *params ,
106 int rate)
107 {
108 unsigned int pcm;
109 pcm = snd_pcm_hw_params_set_rate(pcm_handle , params , rate , 0);
110 if (pcm < 0)
111 {
112 printf("ERROR: Can’t set rate. %s\n",
113 snd_strerror(pcm));
114 exit (1);
115 }
116 }
117

118

119 /**
120 * Set hardware parameters
121 * and writes an errors if parameters can’t be set
122 * @param ** pcm_handle handle to pcm
123 * @param *params configuration space
124 * @param channels channels count
125 * @param rate approximate rate
126 */
127 void set_params(snd_pcm_t *pcm_handle ,
128 snd_pcm_hw_params_t *params ,
129 int channels ,
130 int rate)
131 {
132 set_access(pcm_handle ,params);
133 set_format(pcm_handle ,params);
134 set_channels(pcm_handle ,params ,channels);
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135 set_rate(pcm_handle ,params ,rate);
136 }
137

138

139 /**
140 * Write hardware parameters
141 * and writes an error if hardware parameters can’t be set
142 * @param *pcm_handle handle to the pcm
143 * @param *params configuration space
144 */
145 void write_params(snd_pcm_t *pcm_handle ,
146 snd_pcm_hw_params_t *params)
147 {
148 unsigned int pcm;
149 pcm = snd_pcm_hw_params(pcm_handle , params);
150 if (pcm < 0)
151 {
152 printf("ERROR: Can’t set harware parameters. %s\n",
153 snd_strerror(pcm));
154 exit (1);
155 }
156 }
157 /**
158 * Prepair audio interface for use
159 * and writes an error if it can’t be prepaired
160 * @param *pcm_handle handle to the pcm
161 */
162 void prepair_interface(snd_pcm_t *pcm_handle)
163 {
164 unsigned int pcm;
165 pcm = snd_pcm_prepare (pcm_handle);
166 if (pcm < 0)
167 {
168 fprintf (stderr , "cannot prepare audio interface for use (%s)\n",
169 snd_strerror (pcm));
170 exit (1);
171 }
172 }
173

174

175 /**
176 * Extracts period time from a configuration space
177 * and writes an error if period time can’t be extracted
178 * @param *params configuration space
179 * @return tmp approximate period duration
180 */
181 unsigned int get_period_time(snd_pcm_hw_params_t *params)
182 {
183 unsigned int tmp ,pcm;
184 pcm = snd_pcm_hw_params_get_period_time(params , &tmp , NULL);
185 if (pcm < 0)
186 {
187 printf("ERROR: Can’t extract maximum period time.%s\n",
188 snd_strerror(pcm));
189 exit (1);
190 }
191 return tmp;
192 }
193

194 /**
195 * Write contents of a buffer to the PCM
196 * write error when unable to write to PCM device
197 * @param ** pcm_handle handle to playback
198 * @param frames period size
199 * @param *buffer pointer to buffer
200 * @param buff_size size of the buffer
201 */
202 void play(snd_pcm_t *pcm_handle ,
203 signed short *buff ,
204 int buffer_size)
205 {
206 unsigned int pcm;
207 pcm = snd_pcm_writei(pcm_handle , buff , buffer_size);
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208 if (pcm == -EPIPE)
209 {
210 printf("ERROR: an underrun occured\n");
211 snd_pcm_prepare(pcm_handle);
212 }
213 if (pcm < 0)
214 {
215 printf("ERROR. Can’t write to PCM device. %s\n",
216 snd_strerror(pcm));
217 exit (1);
218 }
219

220 }
221

222

223 /**
224 * Reading from audio card to the buffer
225 * write errors too
226 * @param ** pcm_handle handle to playback
227 * @param frames period size
228 * @param period length of period
229 * @param *buffer pointer to buffer
230 * @param buff_size size of the buffer
231 */
232 void record(snd_pcm_t *pcm_handle ,
233 signed short *buff ,
234 snd_pcm_uframes_t frames)
235

236 {
237 unsigned int pcm;
238 pcm = snd_pcm_readi (pcm_handle , buff , frames);
239 if (pcm != frames)
240 {
241 fprintf (stderr , "ERROR: read from audio interface failed (%s)\n",
242 snd_strerror (pcm));
243 exit (1);
244 }
245 if (pcm == -EBADFD)
246 {
247 fprintf (stderr , "ERROR: PCM is not in the right state (%s)\n",
248 snd_strerror (pcm));
249 exit (1);
250 }
251 if (pcm == -EPIPE)
252 {
253 fprintf (stderr , "ERROR: an overrun occured (%s)\n",
254 snd_strerror (pcm));
255 exit (1);
256 }
257 if (pcm == -ESTRPIPE)
258 {
259 fprintf (stderr , "ERROR: a suspend event occured (%s)\n",
260 snd_strerror (pcm));
261 exit (1);
262 }
263 }

Listing D.3: mypcm.c

1 /**
2 * Implementation of 6th order Butterworth band pass filter.
3 *
4 * @author Søren B. Nørgaard
5 * @date 2013 -11 -11
6 */
7

8 #define MAX_LINE_LEN 30
9 #define NUM_OF_FILTERS 16

10 #define MAXGAIN 0.95
11 #define MINGAIN 0.2
12 #define F14MAXGAIN 0.8
13 #define F15MAXGAIN 0.9
14
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15

16

17 /*
18 * Sample rate: 44100 Hz
19 * Filter coefs: 39, 50, 63, 79, 99, 125, 157, 198, 250, 315, 397, 500, 630, 794, 1000, 1235 (hp)

Hz
20 */
21 static const double k[NUM_OF_FILTERS] = {2.659367798839737e -10 ,5.601922571251911e

-10 ,1.120115075688814e -09 ,2.207462238523890e -09 ,4.341416445165228e -09 ,8.731403398760432e
-09 ,1.728206087410670e -08 ,3.461835287058210e -08 ,6.956463822613412e -08 ,1.388587192625464e
-07 ,2.772330298352829e -07 ,5.519738778855591e -07 ,1.099473480985984e -06 ,2.189284544056890e
-06 ,4.344426201580417e -06 ,7.114276985396413e -01};

22

23 static const double b01[NUM_OF_FILTERS] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
24 static const double b11[NUM_OF_FILTERS] = {-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2,-2};
25 static const double b21[NUM_OF_FILTERS] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
26 static const double a11[NUM_OF_FILTERS] = {1.999254893262780e+00 ,1.999031193373356e

+00 ,1.998759143806201e+00 ,1.998412901137566e+00 ,1.997962397703144e+00 ,1.997347360271839e
+00 ,1.996544830960514e+00 ,1.995443198012516e+00 ,1.993927584299521e+00 ,1.991847178583609e
+00 ,1.988928732726706e+00 ,1.984799688788573e+00 ,1.978855077139464e+00 ,1.970195247752909e
+00 ,1.957497456588057e+00 ,1.684322653006238e+00};

27 static const double a21[NUM_OF_FILTERS] = { -9.992926112858296e -01 , -9.990931825011605e
-01 , -9.988575458503474e -01 , -9.985676089307506e -01 , -9.982053083258046e -01 , -9.977345186383979e
-01 , -9.971553989286375e -01 , -9.964139111863375e -01 , -9.954743177319568e -01 , -9.943011450069916e
-01 , -9.928232607286578e -01 , -9.909702966601559e -01 , -9.886371212065588e -01 , -9.857027277765992e
-01 , -9.820314903483434e -01 , -7.107375583308553e -01};

28

29 static const double b02[NUM_OF_FILTERS] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
30 static const double b12[NUM_OF_FILTERS] = {0,0,0,0,0,0,0,0,0,0,0,0,0,0,0,-2};
31 static const double b22[NUM_OF_FILTERS] = {-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,-1,1};
32 static const double a12[NUM_OF_FILTERS] = {1.998683276491562e+00 ,1.998301043512366e

+00 ,1.997843165472574e+00 ,1.997270485968592e+00 ,1.996540469688058e+00 ,1.995567940406467e
+00 ,1.994334549015705e+00 ,1.992695615644863e+00 ,1.990522409584286e+00 ,1.987657618375656e
+00 ,1.983809392459594e+00 ,1.978607175224339e+00 ,1.971459097009606e+00 ,1.961522172820266e
+00 ,1.947602365475845e+00 ,1.752228186689679e+00};

33 static const double a22[NUM_OF_FILTERS] = { -9.987141319072618e -01 , -9.983517499111645e
-01 , -9.979236495164594e -01 , -9.973970081877148e -01 , -9.967390963108960e -01 , -9.958844574647879e
-01 , -9.948335959626691e -01 , -9.934887914962190e -01 , -9.917857830550013e -01 , -9.896610927328785e
-01 , -9.869871374885393e -01 , -9.836384874869053e -01 , -9.794279789666762e -01 , -9.741414201918076e
-01 , -9.675403293533541e -01 , -7.797080413219983e -01};

34

35 static const double b03[NUM_OF_FILTERS] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
36 static const double b13[NUM_OF_FILTERS] = {2,2,2,2,2,2,2,2,2,2,2,2,2,2,2,-2};
37 static const double b23[NUM_OF_FILTERS] = {1,1,1,1,1,1,1,1,1,1,1,1,1,1,1,1};
38 static const double a13[NUM_OF_FILTERS] = {1.999395853999915e+00 ,1.999216384139402e

+00 ,1.998999140685960e+00 ,1.998724118188818e+00 ,1.998368479893290e+00 ,1.997886458021087e
+00 ,1.997262659200254e+00 ,1.996414203353910e+00 ,1.995258673142130e+00 ,1.993689494811716e
+00 ,1.991512493364511e+00 ,1.988466571507734e+00 ,1.984128668706655e+00 ,1.977873752705908e
+00 ,1.968786741748784e+00 ,1.883771483682073e+00};

39 static const double a23[NUM_OF_FILTERS] = { -9.994211116542249e -01 , -9.992578955771124e
-01 , -9.990650377548419e -01 , -9.988277245149526e -01 , -9.985311605539993e -01 , -9.981457555329134e
-01 , -9.976716082524942e -01 , -9.970644223042499e -01 , -9.962948360575664e -01 , -9.953336324915507e
-01 , -9.941222481332931e -01 , -9.926024975216743e -01 , -9.906872369088432e -01 , -9.882754417837817e
-01 , -9.852525379431085e -01 , -9.133143063151730e -01};

40

41 /*
42 * Gain factors for filters. Initialized to 1, but changed during runtime.
43 * TODO: These should be protected it they are written from at one point
44 * and read at an other. Gains should be 0 <= gain <= 1.
45 */
46

47

48 /**
49 * 6th order Butterworth band pass filter.
50 * @param *input Pointer to input signal buffer.
51 * @param *output Pointer to output signal buffer.
52 * @param len Lenght of buffer.
53 * @param f Number of filter , e.g. f=14 is center freq. 1000 Hz.
54 * @param g Filter gain 0<=g<=1. 0=no input , 1= unity gain ,.
55 */
56 void butt6bp(signed short *input , signed short *output , int len , int f, double g);
57

58
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59 /**
60 * 6th order Butterworth band pass filter.
61 * @param *input Pointer to input signal buffer.
62 * @param *output Pointer to output signal buffer.
63 * @param len Lenght of buffer.
64 * @param f Number of filter , e.g. f=14 is center freq. 1000 Hz.
65 * @param g Filter gain 0<=g<=1. 0=no input , 1= unity gain ,.
66 */
67 void butt6bp1(signed short *input , signed short *output , int len , int f, double g);
68

69 /**
70 * 6th order Butterworth band pass filter.
71 * @param *input Pointer to input signal buffer.
72 * @param *output Pointer to output signal buffer.
73 * @param len Lenght of buffer.
74 * @param f Number of filter , e.g. f=14 is center freq. 1000 Hz.
75 * @param g Filter gain 0<=g<=1. 0=no input , 1= unity gain ,.
76 */
77 void butt6bp2(signed short *input , signed short *output , int len , int f, double g);
78

79

80 /**
81 * Apply all 15 butt6bp filters to input and store in output.
82 * @param *input Pointer to input signal in buffer.
83 * @param *output Pointer to output signal buffer.
84 */
85 void apply_all_filters(signed short *input , signed short *output ,int size ,double* filter_gains);
86

87 /**
88 * Print a buffer of signed short.
89 * @param *buffer Pointer to the signed short buffer to be printed.
90 * @param len Lenth of the buffer to be printed.
91 */
92 void print_short_buffer(signed short *buffer , int len);

Listing D.4: butt6bp.h

1 /**
2 * Implementation of 6th order Butterworth band pass filter.
3 *
4 * @author Søren B. Nørgaard
5 * @date 2013 -11 -11
6 */
7 #include <stdio.h>
8 #include <string.h>
9 #include "butt6bp.h"

10

11 /* ******************************************************************************
12 * Local Functions
13 ***************************************************************************** */
14 /**
15 * Sets every element of an array equal to zero.
16 * @param *arr Array to be cleared.
17 * @param len Length of array.
18 */
19 static void clear_array(signed short *arr , int len)
20 {
21 int i;
22 for (i = 0; i < len; i++)
23 {
24 arr[i] = 0;
25 }
26 }
27

28 /* ******************************************************************************
29 * Global Functions
30 ***************************************************************************** */
31 void butt6bp(signed short *input , signed short *output , int len , int f, double g)
32 {
33 int i;
34 static double w1[NUM_OF_FILTERS] = {0};
35 static double w1_1[NUM_OF_FILTERS] = {0};
36 static double w1_2[NUM_OF_FILTERS] = {0};
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37 static double w2[NUM_OF_FILTERS] = {0};
38 static double w2_1[NUM_OF_FILTERS] = {0};
39 static double w2_2[NUM_OF_FILTERS] = {0};
40 static double w3[NUM_OF_FILTERS] = {0};
41 static double w3_1[NUM_OF_FILTERS] = {0};
42 static double w3_2[NUM_OF_FILTERS] = {0};
43 static double y = 0;
44 static double x = 0;
45 static double y1 = 0;
46 static double y2 = 0;
47 static double y3 = 0;
48

49 if (g < 0)
50 g = 0;
51 else if (g < MINGAIN)
52 g = MINGAIN;
53 else if (MAXGAIN < g)
54 g = MAXGAIN;
55

56 /*
57 * XXX: This should probably be moved to the
58 * controller part instead of inside the filter.
59 */
60 if (f == 14 && F14MAXGAIN < g) // Numbers based on tests.
61 g = F14MAXGAIN;
62 else if (f == 15 && F15MAXGAIN < g)
63 g = F15MAXGAIN;
64

65 for (i = 0; i < len; i++)
66 {
67 x = (double)input[i] * k[f] * g;
68

69 w1[f] = a11[f]*w1_1[f] + a21[f]*w1_2[f] + x;
70 y1 = b01[f]*w1[f] + b11[f]*w1_1[f] + b21[f]*w1_2[f];
71 w2[f] = a12[f]*w2_1[f] + a22[f]*w2_2[f] + y1;
72 y2 = b02[f]*w2[f] + b12[f]*w2_1[f] + b22[f]*w2_2[f];
73 w3[f] = a13[f]*w3_1[f] + a23[f]*w3_2[f] + y2;
74 y3 = b03[f]*w3[f] + b13[f]*w3_1[f] + b23[f]*w3_2[f];
75

76 y = y3;
77 output[i] = (signed short)y;
78

79 w3_2[f] = w3_1[f];
80 w3_1[f] = w3[f];
81 w2_2[f] = w2_1[f];
82 w2_1[f] = w2[f];
83 w1_2[f] = w1_1[f];
84 w1_1[f] = w1[f];
85 }
86 }
87

88 void butt6bp1(signed short *input , signed short *output , int len , int f, double g)
89 {
90 int i;
91 static double w1[NUM_OF_FILTERS] = {0};
92 static double w1_1[NUM_OF_FILTERS] = {0};
93 static double w1_2[NUM_OF_FILTERS] = {0};
94 static double w2[NUM_OF_FILTERS] = {0};
95 static double w2_1[NUM_OF_FILTERS] = {0};
96 static double w2_2[NUM_OF_FILTERS] = {0};
97 static double w3[NUM_OF_FILTERS] = {0};
98 static double w3_1[NUM_OF_FILTERS] = {0};
99 static double w3_2[NUM_OF_FILTERS] = {0};

100 static double y = 0;
101 static double x = 0;
102 static double y1 = 0;
103 static double y2 = 0;
104 static double y3 = 0;
105

106 if (g < 0)
107 g = 0;
108 else if (g < MINGAIN)
109 g = MINGAIN;
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110 else if (MAXGAIN < g)
111 g = MAXGAIN;
112

113 /*
114 * XXX: This should probably be moved to the
115 * controller part instead of inside the filter.
116 */
117 if (f == 14 && F14MAXGAIN < g) // Numbers based on tests.
118 g = F14MAXGAIN;
119 else if (f == 15 && F15MAXGAIN < g)
120 g = F15MAXGAIN;
121

122

123 for (i = 0; i < len; i++)
124 {
125 x = (double)input[i] * k[f] * g;
126

127 w1[f] = a11[f]*w1_1[f] + a21[f]*w1_2[f] + x;
128 y1 = b01[f]*w1[f] + b11[f]*w1_1[f] + b21[f]*w1_2[f];
129 w2[f] = a12[f]*w2_1[f] + a22[f]*w2_2[f] + y1;
130 y2 = b02[f]*w2[f] + b12[f]*w2_1[f] + b22[f]*w2_2[f];
131 w3[f] = a13[f]*w3_1[f] + a23[f]*w3_2[f] + y2;
132 y3 = b03[f]*w3[f] + b13[f]*w3_1[f] + b23[f]*w3_2[f];
133

134 y = y3;
135 output[i] = (signed short)y;
136

137 w3_2[f] = w3_1[f];
138 w3_1[f] = w3[f];
139 w2_2[f] = w2_1[f];
140 w2_1[f] = w2[f];
141 w1_2[f] = w1_1[f];
142 w1_1[f] = w1[f];
143 }
144 }
145

146 void butt6bp2(signed short *input , signed short *output , int len , int f, double g)
147 {
148 int i;
149 static double w1[NUM_OF_FILTERS] = {0};
150 static double w1_1[NUM_OF_FILTERS] = {0};
151 static double w1_2[NUM_OF_FILTERS] = {0};
152 static double w2[NUM_OF_FILTERS] = {0};
153 static double w2_1[NUM_OF_FILTERS] = {0};
154 static double w2_2[NUM_OF_FILTERS] = {0};
155 static double w3[NUM_OF_FILTERS] = {0};
156 static double w3_1[NUM_OF_FILTERS] = {0};
157 static double w3_2[NUM_OF_FILTERS] = {0};
158 static double y = 0;
159 static double x = 0;
160 static double y1 = 0;
161 static double y2 = 0;
162 static double y3 = 0;
163

164 if (g < 0)
165 g = 0;
166 else if (g < MINGAIN)
167 g = MINGAIN;
168 else if (MAXGAIN < g)
169 g = MAXGAIN;
170

171 /*
172 * XXX: This should probably be moved to the
173 * controller part instead of inside the filter.
174 */
175 if (f == 14 && F14MAXGAIN < g) // Numbers based on tests.
176 g = F14MAXGAIN;
177 else if (f == 15 && F15MAXGAIN < g)
178 g = F15MAXGAIN;
179

180 for (i = 0; i < len; i++)
181 {
182 x = (double)input[i] * k[f] * g;
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183

184 w1[f] = a11[f]*w1_1[f] + a21[f]*w1_2[f] + x;
185 y1 = b01[f]*w1[f] + b11[f]*w1_1[f] + b21[f]*w1_2[f];
186 w2[f] = a12[f]*w2_1[f] + a22[f]*w2_2[f] + y1;
187 y2 = b02[f]*w2[f] + b12[f]*w2_1[f] + b22[f]*w2_2[f];
188 w3[f] = a13[f]*w3_1[f] + a23[f]*w3_2[f] + y2;
189 y3 = b03[f]*w3[f] + b13[f]*w3_1[f] + b23[f]*w3_2[f];
190

191 y = y3;
192 output[i] = (signed short)y;
193

194 w3_2[f] = w3_1[f];
195 w3_1[f] = w3[f];
196 w2_2[f] = w2_1[f];
197 w2_1[f] = w2[f];
198 w1_2[f] = w1_1[f];
199 w1_1[f] = w1[f];
200 }
201 }
202

203

204 void apply_all_filters(signed short *input , signed short *output ,int size ,double* filter_gains)
205 {
206 int i, j;
207 signed short tmp[size];
208

209 clear_array(output , size);
210 for (i = 0; i < NUM_OF_FILTERS; i++)
211 {
212 butt6bp(input , tmp , size , i, filter_gains[i]);
213 for (j = 0; j < size; j++)
214 {
215 output[j] += tmp[j];
216 }
217 }
218 }
219

220 void print_short_buffer(signed short *buffer , int len)
221 {
222 int i;
223 for (i = 0; i < len; i++)
224 {
225 printf("%d\n", buffer[i]);
226 }
227 }

Listing D.5: butt6bp.c
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Appendix CD

• Digital copy of the report—Digital_copy_of_the_report/master.pdf
• Source code—Source_code/
• Graphs and Figures—Graphs_and_Figures/
• Pcbs—pcbs/
• Datasheets—Datasheets/
• Downloaded web pages—Downloaded_web_pages/
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