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Abstract 

Aditus Science has developed a system to improve the sound quality in speaker systems, using DSP 

technology. Software developed in MATLAB is being used to make measurements of the speakers via 

microphones. Based on those results, the parameters for the signal processing in the DSP can be set. 

A prototype model of the system was used as hardware when the software was developed. 

The system has several analog and digital inputs and outputs over SPDIF, Ethernet, 3.5mm analog 

stereo plug etcetera. An ADC converts the analog inputs to a digital signal in the format inter-

integrated circuit sound signal, i2s. The DSP makes signal processing of the digital audio stream to 

optimize it for the speaker and sends it to the amplifier through a DAC. The digital audio signals are 

also directly distributed over the Ethernet, the digital output connectors, and to the analog outputs 

through a DAC. The system is designed to be controlled by the user over a web server or from a front 

panel on the device. 

The main purpose of the thesis work is to develop the hardware platform to be used for the system. 

Three different PCBs were designed. One board hosting the digital parts, one the analog parts, and 

one backplane to connect the other two boards and to provide the power supply.  

The first board with the digital parts includes a DSP, an AVR to be microcontroller, a synthesizer and 

connectors for the digital inputs and outputs. The DSP is used for the signal processing of the audio 

signals, and is also used to handle inputs with different sample rates through the internal FARM, 

flexible audio routing matrix. The AVR micro controller unit is used as the master in the system. It 

loads the program and parameters into the DSP, ADC/DAC and the synthesizer. It handles the user 

interface from the front panel, and hosts the server with the user interface over Ethernet. The 

synthesizer is being used to tune the clock frequency to be able to counteract data drop if the audio 

stream over Ethernet has a slightly different frequency than the system.  

The board with the analog parts also includes some digital signals from the DSP, and control signals 

from the AVR to the ADC/DAC. The analog connectors are located in this board and also the input 

and output networks of operation amplifiers. 

The first part of the work was to make the schematics for the three cards, and the second part to 

make the layout. Special care was taken to make a system with as good performance as possible. An 

example of those parts is to carefully design ground planes and power planes to reduce noise and 

current loops. The placement of the components and the routing of the signals were carefully made 

to eliminate over hearing and noise introduced between the blocks. It also handles routing of 

differential pairs and impedance matching. 

           



 
 

Sammanfattning 

Aditus Science har utvecklat ett system för att förbättra ljudkvalitén i högtalare, genom att använda 

DSP-teknologi. Mjukvara utvecklad i MATLAB används för att göra mätningar på högtalarna med 

hjälp av mikrofoner. Med hjälp av resultaten ställs parametrarna i DSPn in. En prototypmodell av 

systemet användes som hårdvara när mjukvaran utvecklades.   

Systemet har flera analoga och digitala in och utgångar bland annat genom SPDIF, Ethernet och 

3.5mm analog stereo plugg. En ADC konverterar de analoga insignalerna till digitala signaler i 

formatet inter-integrated sound, i2s. I DSPn sker signalbehandling av de digitala signalerna för att 

optimera dem för högtalarna. De sänds dem sedan vidare till förstärkarna via en DAC. Ljudsignalerna 

distribueras även direkt över Ethernet, de digitala utsignalskontakterna och till de analoga 

utsignalskontakterna via en DAC. Systemet kontrolleras av användaren via en webbserver eller ett 

frontpanelskort.    

Det här examensarbetet handlar om utveckling av en hårdvaruplattform för systemet. Tre olika 

PCB’er designades. Ett kort med de digitala delarna, ett med de analoga delarna och ett bakplan som 

står för strömförsörjningen och ansluter de övriga två korten till varandra.   

Det första kortet med de digitala delarna innehåller en DSP, en AVR processor, en synthesizer och 

kontakter för de digitala in och utsignalerna. DSPn används för signalbehandling av ljudsignalerna, 

men hanterar även insignaler med olika samplingshastigheter genom en inbyggd FARM, Flexible 

Audio Routing Matrix. AVR processorn används som master i systemet. Den laddar program och 

parametrar till DSPn, ADC/DAC och synthesizern. Den hanterar även användarinterfacet från 

frontpanelen, och hostar servern med ett användarinterface över Ethernet. Synthesizern används för 

att justera frekvensen för mottagningen så att inga dataförluster uppstår om ljudkällan över Ethernet 

har en något annorlunda samplingshastighet än systemet. 

Kortet med de analoga delarna innehåller även några digitala signaler kopplade till DSPn, samt 

kontrollsignaler från AVR processorn till ADC/DAC´en. Kontakterna för de analoga in och utsignalerna 

sitter på det här kortet, och även in- och ut-nätverken med operationsförstärkare. 

Den första delen av arbetet var att göra scheman för de tre korten, och den andra delen att göra 

layouten. Speciell vikt lades på att uppnå så bra prestanda som möjligt i systemet. Exempel på sådant 

arbete är att designa jordplan och spänningsplan för att reducera uppkomsten av brus och 

jordströmmar. Placeringen av komponenter och dragningen av ledarna är gjorda med stor eftertanke 

för att eliminera överhörning och störningar mellan blocken. Även hur differentiella par, och 

impedansmatchning av ledare behandlas är inkluderat. 
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1 Introduction 

1.1 Background 
Aditus Science has developed a system to improve the sound quality in active speaker systems, using 

DSP technology. Software developed in MATLAB is being used to make measurements of the 

speakers. Based on those results, the parameters for the signal processing in the DSP can be set. A 

prototype model of the system was used as hardware when the software was developed. 

New hardware was needed to be tailor-made to meet the requirements of the market. The system 

needs to contain an ADC/DAC connected to an input network and an output network, a DSP for the 

signal processing, digital and analog input and output connectors, and a network interface to connect 

several units. It also needs a MCU to control the other parts of the system. 

This thesis work considers the development of the needed hardware of this system.   

1.2 Purpose 
To design hardware for an active speaker system, using DSP technology to improve the sound 

quality.  It must be designed in a way to keep the noise levels as low as possible and to keep the 

signal integrity high, to reduce over hearing between the audio signals. 

1.3 Method 
In the beginning of the thesis work, literature studies in data sheets and the system specification will 

be made. The most of the theory in this thesis work is based on the information in the data sheets for 

the circuits, but also on the advice from my mentor and the other coworkers in the company.  

The software to be used to make schematics and layout are PADS Logic and PADS Layout from 

Mentor Graphics. To get familiar with the programs, the documentation and tutorials from Mentor 

Graphics will be studied. The schematics design will be based on the prototype hardware, but will be 

improved to get a complete system, which achieves all requirements from the specifications. Some 

of the components and footprints can be found in the company’s component library, the other ones 

needs to be designed according to the data sheets. The layout will be made according to the 

schematics. The final design will be a product of an iterative work between changes in the schematic 

and layout until a product meeting the requirements is achieved.   

The work will be supervised by the mentor all the time, and all blocks in the schematics and layout 

needs to be approved before proceeding with the next steps. 

1.4 Limitations 
Since this project focus on the design of the hardware, no development of the software and 

algorithms for the DSP, or the rest of the system is included. The production of the PCBs are neither 

included. The generated gerber files will be sent away to another company for production and 

mounting before the PCBs are delivered to Aditus. Testing of the hardware is not included in the 

thesis work. The testing and modification of the hardware that might be needed will be made by 

Aditus. The PCB for a front panel is not included in the project, but a connector in form of a header 

will be prepared on the Ctrl board. 
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1.5 Outline 
The report is represented in 7 chapters 

 In chapter 1, introduction including background, purpose, and method used in this project. 

 In chapter 2, the system specifications and a brief introduction to how the system works. 

 In chapter 3, the reader is introduced to the theory about how the most used buses in the 

system work. 

 In chapter 4, the block diagrams with signal flow illustrates the structure of the system.   

 In chapter 5, the results of the work with the schematics and layouts. It also includes the 

theory of why the schematics and layouts are designed in the way they are.  

 In chapter 6, the further improvements that might be needed in the system. 

 Finally some discussion about the strength, weakness and reflections about further work is 

represented in chapter 7.  

2 System description  
The system is developed as an active speaker system. It has digital and analog inputs and outputs 

with the most common interfaces in the audio market. Digital input and output ports in form of 

SPDIF via RCA and Toslink are used. It has one micro USB port used for debugging purpose, but also 

to make the system act as a virtual sound card, when it is connected to a computer. An Ethernet port 

is used to connect the device to a network.  Analog inputs and outputs are in form of one stereo 

channel via a two port RCA connector and one stereo channel via 3.5mm connector. It has 8 channels 

of internal analog output signals to be connected to the power amplifiers.  

The playback and system settings are controlled via a front panel or a website running over the 

Ethernet on the Ctrl Unit. All commands entered, and the input audio stream, are distributed over 

the network. The open audio protocol RTP is used to stream the audio over the network. Multiple 

devices can be connected to the same network and be bundled together. It can as an example send 

and control music in different rooms. The system has no codec´s to playback music and it must 

therefore have an input audio stream from an external audio source. 

A system for measurements of the speaker is developed to improve the sound quality it can deliver. 

The parameters obtained from the measurements are loaded to the DSP for the signal processing. It 

acts as an active filter, and can also amplify frequencies which are attenuated by the original speaker 

design. 

The system consists of three different PCBs. The specifications for these boards are shown below. 

2.1 Backplane 
The backplane acts as the motherboard of the system. It contains circuits for the power supply and it 

makes connection between the other boards. 

2.1.1 Circuits 

 Switched power regulator to provide the system with +5V from unregulated +25V 

 Switched power regulator to provide the system with -5V from unregulated -25V 

 Switched power regulator to provide the system with 3.3V from unregulated +25V 
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2.1.2 Connectors 

 2x Card edge sockets, PCIE064 to connect Control board and ADC/DAC board 

 1x 3-ways internal header, to receive unregulated power supply from one power amplifier 

2.1.3 Features 

 8 input channels i2s data, to be transferred between the PCIE064 connectors 

 8 output channels i2s data, to be transferred between the PCIE064 connectors 

 Distribution of +25V unregulated power to the PCIE064 connectors 

 Distribution of -25V unregulated power to the PCIE064 connectors 

 Distribution of +5V regulated power to the PCIE064 connectors 

 Distribution of +3.3V regulated power to the PCIE064 connectors 

 Distribution of -5V regulated power to the PCIE064 connectors 

 Distribution of i2c bus between the PCIE064 connectors 

 Distribution of SPI bus between the PCIE064 connectors 

 Distribution of i2c bus between the PCIE064 connectors 

 Distribution of Mic enable signal between the PCIE064 connectors 

 Distribution of Over current protection signal between the PCIE064 connectors 

 Distribution of Thermal protection signal between the PCIE064 connectors 

 Distribution of Amplifiers enable signal between the PCIE064 connectors 

 Distribution of i2c bus between the PCIE064 connectors 

 Distribution of Reset signal between the PCIE064 connectors 

2.2 Controller board  
The controller board hosts the most of the digital parts of the system. The DSP for the sound signal 

processing, the Ctrl Unit which controls all the other devices in the system, Ethernet etc.  

2.2.1 Circuits 

 Ctrl Unit, AT32UC3A0512 from Atmel 

 DSP, ADAU1442 from Analog devices 

 Ethernet physical layer device, DP83848I from National Semiconductor 

 Clock synthesizer,  ADF4360-9 from Analog devices 

2.2.2 Connectors 

 1x Card edge, PCIE064 to connect the controller board to the backplane 

 1x Ethernet, RJ45 jack 

 1x Toslink receiver, SPDIF input 

 1x Toslink transmitter, SPDIF output 

 2x RCA sockets, one for SPDIF output and one for SPDIF input 

 1x 32-ways internal header, 2x17 pins to connect the front panel 

 1x Micro USB B, to connect to a computer 

 1x 6 ways pin list, used for debugging via USART to USB converter cable 

2.2.3 Features 

 8 input channels i2s data, to be transferred from the backplane 

 8 output channels i2s data, to be transferred to the backplane 

 1 input channel internal i2s data, between the DSP and the Ctrl Unit 
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 1 output channel internal i2s data, between the DSP and the Ctrl Unit 

 2 channels i2s clocks, in two different time domains, transferred through the backplane 

 1 channel internal i2s clocks in a third clock domain, between DSP and Ctrl Unit  

 Amplifier Enable signal, to be sent to the backplane 

 Thermal protection signal, received from backplane 

 Over current protection signal, received from backplane 

 SPI interface 

 JTAG interface 

 i2c interface 

 Reset, created by a button or the Ctrl Unit     

2.3 ADC/DAC Board 
The ADC/DAC card hosts most Analog parts. All traces of digital signals will be kept as short as 

possible. A separate ground plane will be used to keep the noise in the analog signals as low as 

possible. 

2.3.1 Circuits 

 ADC/DAC, AD1938 from Analog devices 

 4 channels  analog input network of operation amplifiers 

 8 channels analog output network of operation amplifiers 

 Microphone amplifier 

 Regulated +15V power supply, created by unregulated +25V from backplane 

 Regulated -5V power supply, created by unregulated -25V from backplane 

2.3.2 Connectors 

 1x Card edge, PCIE064 to connect the ADC/DAC board to the backplane 

 2x RCA, input stereo pair 

 1x 3.5 mm plug, input stereo pair 

 1x Internal cable connector, stereo pair in parallel with 3.5 mm input plug 

 2x RCA, output stereo pair 

 4x 8-way internal headers , connected to the power amplifiers, each of them containing 2 

channels analog output, Current protection, Thermal protection, Amplifier enable and BTL 

 1x XLR socket, to connect a microphone 

2.3.3 Features 

 Routing matrix to choose which 2 of the 8 i2s data input channels to the backplane to be 

connected to the ADC. 

 Routing matrix to choose which 4 of the 8 i2s data output channels from the backplane to be 

connected to the DAC. 

 Routing matrix to choose which one of the 2 i2s clock channels to be connected to the 

ADC/DAC. 

 SPI interface 

 Collection of 4 over current protection signals from the power amplifiers, redistributed to 

one single signal to the backplane. 
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 Collection of 4 Thermal protection signals from the power amplifiers, redistributed to one 

single signal to the backplane. 

 Amplifiers enable distribution. One signal from the backplane, distributed to the 4 amplifier 

connectors.  

3 Theory 

3.1 The SPI bus 
Serial Peripheral Interface, SPI, is a synchronous serial data link for communication between 

processors and external devices. The data is transferred in blocks of one byte, 8-bits, with the MSB 

first. It works with two holding registers, the TDR (Transmit Data Register), the RDR (Receive Data 

Register), and a single shift register. The system can either be used with a single master or with 

multiple masters. In this report a single master will be used, and only the theory of this kind of 

system will be treated here. But much of the theory is the same for the both kind of systems. An 

overview of a SPI system is shown in Figure 1 [1].  

 
Figure 1. SPI Master/Slave configuration [1] 
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3.1.1 Signals 

The SPI bus consists of two data lines, a clock line and several control lines. 

 SCLK – Serial Clock 

SCLK is transmitted from the master. It sets the speed of the communication and 

synchronizes the data transfer. 

 MOSI – Master Out Slave In 

Data line shifting data from the output of the master into the input of the selected slave. 

 MISO – Master In Slave Out 

Data line shifting data out from the output of the slave to the input of the master 

 NSS – Slave Select 

It is also referred to as NPCS – Peripheral Chip Select. It selects by the hardware which of the 

slaves to be selected. The number of slaves the system consists of, and limits in the hardware 

sets how many NSS lines that is needed. Every single slave has its own NSS line. 

3.1.2 Data Transfer Process 

The master selects witch of the slaves to communicate with, by putting the desired slaves NSS line 

low. As an example, to select Slave#1 in Figure 1, NSS1 is held ‘low’ by the master while the rest of 

the NSS lines are held ‘high’. To transmit data from the master to a slave, the data to be transferred 

are written to the TDR, and is shifted out to the MOSI data line. The receiver reads the MISO data line 

into a shift register and stores it in the RDR.   

3.2 The i2s Bus 
In the middle of the 80´s Philips Semiconductors invented the inter IC sound (i2s) bus. It is a serial link 

especially developed for digital audio systems. It only handles audio data, control signals and sub-

coding have to be transferred separately. The unit which generates the clock signals is defined as the 

master. The transmitter, the receiver or an external controller can be used as master, as shown in 

Figure 2. In the first case one of the two units acts as master and generates the clock signals for the 

data transfer between them, meanwhile the data can be sent in both direction. This configuration is 

used in this project. In the second case the data is sent between two units, and an external master 

unit is used to generate the clock signals for the devices. In that case the data never passes the 

master unit, it is only transferred between the slave units.   

 

  
 
Figure 2. i

2
s Master/slave configurations 
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The i2s bus uses three lines for the communication. [2] 

 SCK –  Serial Continuous Clock 

 SCK sets the speed in the communication, and will also be referred to as the bit clock. 

 WS –  Word Select 

The WS signal indicates which channel being transferred. If WS = 0 channel1, the left channel 

is being used. If WS = 1 channel2, the right channel is being used. The master can change WS 

either on rising- or falling edge of SCK, but it is always latched into the slave on rising edge.  

WS will also be referred to as the Left/Right clock.  

 SD – Serial Data 

Data is transmitted in two´s complement, with the MSB first. The reason why transmissions 

start with the MSB is because the transmitter and receivers word lengths may be different. If 

the receivers’ word length is greater than the transmitters’, the receiver sets the missing 

least significant bits to ‘0’. On the other hand, if the transmitter has the greatest word length, 

the receiver ignores the bits after its LSB. Serial data sent by the master can be synchronized 

on rising- or falling edge, but must be latched into the slave on rising edge. MSB is sent one 

clock period after the WS signal has changed, Figure 3; this time gap enables the receiver to 

store the previous word and clear the input for the next one. 

 

 
Figure 3. i

2
s Signal overview [2] 

 

3.3 The i2c Bus 
Inter-Integrated Circuit, i2c, was designed by Philips Semiconductors in the early 80´s to be used in 

communication between components on the same PCB. i2c is a two-wire bidirectional bus, containing 

a serial data line (SDA) and a Serial Clock Line (SCL). Since then, the standard has been developed to 

meet the requirements of the market and in 1998 i2c had became a world standard. In the beginning 

the maximum speed of the bus was 100kbit/s, using this speed is called standard mode. Today there 

are four different time modes, standard mode is the slowest. The fastest mode today is High-Speed 

mode (HS-mode) with a bit rate up to 3.4 Mbit/s. [3] 
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Figure 4. i

2
c Master/Slave configuration  

 

3.3.1 Addressing 

Every unit has a unique address and can operate as a transmitter or receiver depending on the 

function of the device. A LCD driver may not have a need to be able to transmit data, while a memory 

needs to be able to receive and transmit data. The master is defined as the unit which initiates a 

transfer, generates the clock signals and terminates a transfer. The slave is defined as the unit being 

addressed by the master. The i2c-bus is a multi-master bus. This means that more than one unit can 

control the system. To avoid problems when more than one unit starts to initiate a transfer at the 

same time, the system needs an arbitration process. When two or more master units try to put 

information on the bus, the first one to produce a ‘1’ when the other produce a ‘0’ has lost the 

arbitration. Since the system in this thesis work is a single master system, no further explanation of 

the arbitration will be made. For more details, please read the manual. [3] 

External pull-up resistors are used to maintain SDA and SCL to high level when the bus is free. The 

values of those resistors can be calculated according to the formula in the reference. To be 

compatible to as many devices as possible, the logic levels of i2c are not fixed voltage values. The 

levels depend on the Vdd level. The reference level of a logical ‘0’ is defined as 30% of Vdd and logical 

‘1’ as 70% of Vdd. It can also be explained as signals < 0.3*Vdd interprets as a ‘0’ and signals > 0.7*Vdd 

as a ‘1’. [3] 

3.3.2 The data transfer process 

A complete data transfer is shown in Figure 5. The transaction begins with the start condition, 

followed by 8-bits addressing where the 8th bit tells the unit to read or write. The next bit is sent from 

the slave to acknowledge the command. The connection between the units is established, and the 

data transmission starts. Data is always sent in amounts of one byte, 8 bits, followed by an 

acknowledge bit. [3]   

 
Figure 5. Complete i

2
c data transfer [3] 
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The example in Figure 6 describes the communication between a master and a slave. In this case the 

Master transfers data to the slave. [3] 

 

Figure 6. i
2
c Master as transmitter, slave as receiver [3] 

4 Block Diagrams 
Block diagrams are used to illustrate how the system can be divided into smaller blocks, but also to 

describe the signal flow between them. Figure 7 illustrates the complete system design where each 

sub block represents one PCB board. This is described more detailed in the following block diagrams. 

The blocks marked con are connectors.     

4.1 Overview 
The signal flow in the system is shown in Figure 7. The internal signals between the sub blocks are 

distributed via the Backplane. The other signals are routed to external connectors in the boards. The 

sub block named Power Amplifiers includes ICEpower ASX2 modules from Bang & Olufsen, it is 

possible to connect at maximum 4 modules of each 2 audio channels to the system.  

 
Figure 7. Block diagram of the system 
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4.2 Backplane 
The backplane can be considered as the motherboard of the system, Figure 8. It generates +3.3V, 

+5V and -5V to the system through switched regulators. The input powers to the board are 

unregulated +25V and -25V from the ICEpower ASX2 modules. The board distributes signals between 

the other two boards in the system (ADC/DAC and Ethernet/Ctrl). 

 
Figure 8. Block diagram over the Backplane 

 

4.3 Controller board 
The controller board contains the digital parts and connectors of the system and is shown in Figure 9. 

It hosts the master unit AT32UC3A051 marked as MCU, the DSP ADAU144 marked as DSP, the clock 

synthesizer ADF4360-9 marked as CLK Synth and the Ethernet physical layer DP83848IVV marked as 

Eth Phy. 

4.3.1 Devices 

 The MCU acts as the master in the system and is connected to all the other devices to control 

them. The MCU is connected to the Reset_n button. If the button is pressed down, the MCU 

will be restarted. It has one input data channel of i2s, one output data channel of i2s and one 

channel of i2s clock connected to the DSP. They are used to receive and transmit audio 

streams over the Ethernet. It has five control signals, and two data buses connected to the 

backplane.  

o Current Mon, to check if too much current is drawn from the power amplifiers.  

o Thermal Mon, to check if the power amplifiers are overheated. 

o Enable Pwr Amps, to enable the power amplifiers. 

o Mic Enable, to enable the microphone input. 

o Reset_n, to reset the other devices from the MCU. 

o One i2c data bus to connect new hardware requiring i2c in the future. 

o One SPI bus with three chip select signals. The ADC/DAC is controlled over this bus. 

The other two chip select signals are reserved if new hardware requiring SPI will be 

designed in the future. 



11 
 

 The DSP is used for the sound signal processing in the system. It is connected to the 

backplane via 8 i2s data input channels,  8 i2s data output channels and 2 i2s clock channels in 

different time domains. It is controlled by the MCU over an i2c bus. 

 The clock synthesizer is controlled by the MCU over a reduced SPI bus. It can only receive 

data from the MCU, not transmit back to it. The clock synthesizer is a clock circuit which can 

be tuned with high accuracy to provide the MCU with the right clock frequency when 

transmitting and receiving audio data over the Ethernet.    

4.3.2 Connectors  

 The JTAG connector is connected to the MCU for programming and debugging.  

 The USB connector is connected to the MCU for programming, and to let the system act as a 

virtual soundcard when connected to a computer.  

 The Eth connector is an Ethernet connector. It is used to connect the system to a network via 

a physical layer device.  

 The SPDIF connectors are used as digital input and output to the system. 

 The Ir, Rot, Btn, Disp connector is used to connect a front panel to the system.  

 The Backplane connector is used to connect the board to the backplane.  

 
Figure 9. Block diagram of the Controller board 
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4.4 ADC/DAC board 
The ADC/DAC board in Figure 10 hosts an AD1938 marked as ADDA, input and output networks of 

OP-amplifiers, voltage regulators marked as Regulators and connectors. 

4.4.1 Blocks 

 The ADDA is the ADC/DAC in the system. It has connections to the backplane via SPI, i2s and a 

reset signal. It has four analog input- and eight output- audio signals connected to the OP-

amplifiers, but it also provides them with a voltage reference signal. It got two 3.3V power 

supplies, one for the digital part, provided from the backplane, and one for the analog part 

connected to the Regulator block. 

 The Regulator block consists of two linear voltage regulators. One to generate +15V for the 

microphone connector, and one to provide the analog parts of the ADDA with a clean +3.3V 

power supply. 

 SPI Addr Network is a routing matrix to select which chip select address to be used for the 

ADC/DAC. One of the three available NPCS signals is chosen by mounting a 0Ω resistor 

between Backplane and ADDA. 

 The i2s Select network is a routing matrix that works in the same way as the SPI Addr 

Network. The ADC/DAC has four i2s data inputs, two i2s data outputs and one i2s clock signal. 

They can be connected to any of the eight available i2s data input, eight i2s data output and 

two i2s clocks available from the backplane, depending on which 0Ω resistors that are 

mounted. 

 The OP-amps block consists of three types of OP-amp networks. 

o Eight output networks from the ADC/DAC to the power amplifiers and to the analog 

output connectors. 

o Four input networks from the analog input connectors to the ADC/DAC. 

o One network from the microphone connector to the ADC/DAC. 

 The Enbl block distributes the enable signal from the MCU to the four power amplifiers.  

 The Mon block collects the four Thermal protection signals and the four Current protection 

signals from the power amplifiers. The collected signals are distributed to the MCU over the 

backplane, in form of one Current Mon signal and one Thermal Mon signal. 

 Mic Con is an XLR connector with phantom power. 

 The Analog in Connectors block consists of a 2x RCA connector and one 3.5 mm stereo 

connector for analog input audio signals. 

 The Analog out Connector block consists of a 2x RCA connector for analog output signals.   
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Figure 10. Block diagram of the ADC/DAC board 

5 Results 

5.1 Decoupling capacitors 
To reduce noise in the system, decoupling capacitors are connected to most of the power supply pins 

of the circuits. The recommended values of the capacitors for a device can often be found in the 

datasheet.  

One smaller capacitor is connected between every power supply pin and ground pin, those pins are 

often placed in pairs near each other. An example of a good design can be seen in Figure 11. A 

common value of those capacitors, if nothing else can be read in the data sheet, is 100nF. Their 

purpose is to reduce high frequency noise. 

 
Figure 11.  Decoupling capacitor 

 

A bigger capacitor should be used as a bulk capacitor. It should be placed as close to the circuit as 

possible, but the closeness is not as strict as for the smaller capacitor mentioned in the previous 

section.  The purpose of the bulk capacitor is to reduce the low frequency noise.  Only one capacitor 

for each kind of input power is needed. As an example, if there are 5 power supply pins for the 
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VDDIO of a MCU and 2 pins for the VDD of the MCU core, only one bulk capacitor is needed for the 

VDDIO and one for the power to the core.         

5.2 Output network 
The schematic of one of the 8 output networks is illustrated in Figure 12. OUT0 is the input signal to 

the network, and is an output signal from the DAC. CM is the buffered common mode signal from the 

ADC/DAC, used as voltage reference for the OP-amps. The resistors and capacitors are used as 

feedback, input and output filters. ANALOG_OUT0 is the output signal connected to the power 

amplifiers. The filter to the input power supply is not included in the schematic, but is of the same 

type as described in the chapter about the power supply.   

 
Figure 12. Output network schematic 

 

The layout of the output network is illustrated in Figure 13. The dark green color illustrates power 

supply, and the blue is connected to ground. The round symbols are vias to connect to signals in 

other layers, but also to the power and ground planes. It is important to keep the decouple 

capacitors as close to the OP-amp as possible. It is also important to keep the feedback loop as short 

as possible to reduce the noise introduced in the circuit. 

 
Figure 13. Output network layout 
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5.3 Input network 
The schematic of one of the four input networks is illustrated in Figure 14. ANALOG_IN_0 is 

connected to a relay. The relay is connected to the input signal from the left channel of the 3.5 mm 

stereo plug, but also to the microphone input. The mic_enable signal from the Ctrl Unit sets which of 

the two sources to use. CM is the same signal as the one connected to the output network, and is 

used as voltage reference to the OP-amps. The resistors and capacitors are used as feedback, input 

and output filters. IN0- and IN0+are connected to one of the differential inputs of the ADC. 

 
Figure 14. Input network schematic 

 

The layout of the output network is illustrated in Figure 15. In the same way as in Figure 13, the dark 

green color illustrates power supply, and the blue is connected to ground. The round symbols are 

vias to connect to signals in other layers, but also to the power and ground planes. It is important to 

keep the decouple capacitors as close to the OP-amp as possible and to keep the feedback loop as 

short as possible. The filter to the input signals needs to be placed close to the OP amplifier. The 

output filters are not that important to get as close as the input filters. It is more important to get the 

filters of those signals close to the input of the DAC. The blue rectangle in the footprint of the upper 

OP-amp is a thermal pad. It is used to get a good ground connection, but also to lead the heat from 

the circuit away in the ground plane. 

 
Figure 15. Input network layout 
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5.4 Time domains 
The audio signals are divided into three different time domains. One time domain is used for the 

internal communication, and the other two domains are used to synchronize to other external 

devices. Digital input and output audio signals may use another frequency than the system uses 

internally. Audio from the Ethernet may not use exactly the same frequency as the SPDIF signals. To 

be able to establish a connection between those devices, without any dropped packages, two 

techniques are used.  

One of them is the FARM, Flexible Audio Routing Matrix, in the DSP. It can handle up to 8 

asynchronous sample rate converters. Three of them are used in the system designed in this thesis 

work.  Figure 16  shows how the FARM is used to change the input and output sample rates between 

the time domains.  

 
Figure 16. Flexible Audio Routing Matrix 

  

The other technique that is used is to tune the input clock frequency to the Ctrl unit with a clock 

synthesizer with integrated VCO. Via a SPI interface between the Ctrl unit and the synthesizer, signals 

are transmitted if the frequency needs to be increased or decreased. If the input buffer starts getting 

filled up, the frequency to the Ctrl unit will be increased to adapt to the frequency of the input signal. 

The result is that the buffers will not be over filled and packages will not be dropped. In the same 

way, if the input buffers are getting empty, the frequency can be decreased so the buffers can 

recover.              

5.5 Impedance matching 
Characteristic impedance matching is used to maximize the power transfer, and reduce reflections in 

a signal line. When a signal can be considered as a constant signal, the need of impedance matching 

is insignificant. In signals working in high frequencies characteristic impedance matching can be 

needed. The characteristic impedance of the transmission line should be matched to the load 

impedance and the source impedance of the circuits according to equation (1). 

                     (1)   
 

Resistors are used directly after the output of the signals. In the i2s bus, there is no standard value for 
the resistors. In this system a resistor value of 100 Ω is used. The following part is an example of the 
characteristic impedance matching of the i2s lines between the ADC/DAC and the DSP. The 
characteristic impedance in a transmission line can be calculated according to equation (2). It is, 
according to the equation, depending on the dielectric thickness H, the trace thickness T and the 
trace width W. The ground plane was chosen to be located in the inner layer 2. H is the distance 
between this layer and the signal line to match [4]. In this project a 6-layer PCB is used. The substrate 
is FR-4 and Prepreg of the type 1080 is used. Both of them have a relative permittivity of εr = 4.2. The 
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transmission lines in need of impedance matching are located in Top layer, Inner layer 1, and Bottom 
layer. The thickness of the layers can be found at [5]. The calculations were made to find the width of 
the transmission lines. The results can be found in Table 1.  

   
  

        
    

      

       
   (2)   

H = Dielectric thickness (mm) 

T = Trace thickness (mm) 

W = Trace width (mm) 

 

Table 1. Impedance matching 

Layer Z0 (Ω) H (mm) T (mm) W (mm) 

Top 100 0.636 0.018 0.29 

Inner 1 100 0.510 0.035 0.21 

Bottom 100 0.762 0.018 0.35 

 

5.6 Power amplifiers 
The power amplifiers used in this system are ICEpower ASX2 modules from Bang & Olufsen. The 

system is compatible with three different versions of them: The smallest version is the 50W amplifier 

ICEpower50ASX2, the middle version is a 125W ICEpower125ASX, and the most powerful version is a 

250W ICEpower250ASX. There are some differences between the interfaces. The ICEpower50ASX2 

uses the 7 pins connector JST B7B-PH-K-S, and the other two versions use the 8 pins connector 

JST B8B-PH-K-S. The extra pin is used for an extra signal BTL-sync. ICEpower50ASX2 has AUX power 

outputs to provide the system with +25V and -25V of unregulated power of at maximum ±200mA [6]. 

The other two models have AUX power outputs to provide systems with ±24V unregulated power of 

at maximum ±250mA [7]. For more details please read the data sheets.  

The system in this report uses a JST B8B-PH-K-S connected according to Figure 18 to be compatible 

with the three different versions of the ICEpower modules. If an ICEpower50ASX2 is used the BTL-

sync pin is left unconnected. In the default mode the amplifiers are not set to work in BTL-sync mode. 

To enable BTL-sync mode, the 0Ω resistor marked R142 in Figure 18 is mounted. 

 
Figure 18. Power amplifier connector 

 

 
Figure 17. Transmission line impedance matching 
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5.7 PCIE64 
The layout of the connector can be found in Figure 19 and Figure 20. Pin A1 to A32 are placed on the 

bottom side of the card edge connector and B1-B32 on the top side. The pin configuration is made 

according to two main priorities. The first and most important one is the signal integrity. The second 

one is to make it possible to make a good design on the three boards. To obtain as good signal 

integrity as possible, the most important signals with high frequency, and the static ones were 

identified. The i2s signals are considered to be most in need of signal integrity. They are placed from 

A12-A30 and B12-B30, found in Figure 19. The input and output signals are placed straight over the 

sides of the connector. Between every i2s signal on the same side of the connector, a line of ground is 

used to isolate for over hearing. The communications over the i2c and SPI buses are only used a small 

part of the time, and have less need of isolation. Power supply pins are placed in a way to be able to 

distribute enough power to the boards. The lines for the +5V, -5V and 3.3V must be able to deliver 

more current than the lines for +25V and -25V. To meet this requirement two pins for each power 

are used for the more current consuming lines (+5V, -5V and 3.3V), and only one pin each for the less 

current consuming lines (+25V and -25V). The rest of the signals can be considered as static and can 

be placed without any further consideration.  

  
Figure 19. Schematic PCIE  Figure 20. PCB layout PCIE64 [8] 

 

5.8 Power supply 
The input powers to the system, generated in the ICEpower modules are unregulated power of +25V 

DC and -25V DC. To attenuate the noise in the system, the input powers are filtered in the backplane 

according to Figure 21. The same type of filter is used in the Ctrl board and ADC/DAC board, to keep 

the noise level as low as possible. 
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Figure 21. Power input filter 

 

To generate the voltages needed in the system, two different types of voltage regulators are used; 

switched regulators and linear regulators. The advantage of using switched regulators is the high 

efficiency. The disadvantage is the introduced noise to the system from the integrated switch. A 

linear regulator makes a cleaner power supply with lower ripple. The disadvantage is the lower 

efficiency, the difference in power levels between the input power and the output power generates 

heat [9]. As an example if the input voltage is 25V, the output voltage is 15V and the load is 100mA 

the effect generated in the regulator is 1W according to Equation (3). 

(3) 

               

                 

 

                           

                  

                    

                                      

In the system designed in this project both types of regulators are needed to achieve good 

performance. To get as few different types of components in the system as possible, adjustable 

regulators are used for both the linear, and the switched regulators. In the backplane switched 

regulators are used to provide the system with +5V, -5V and 3.3V. Since much current is needed in 

the other boards and the noise can be attenuated in filters before it leaves the backplane, switched 

regulators are used. 3.3V and +5V are generated in circuits as the one in Figure 22. The only 

differences between the circuits providing +5V and +3.3V are the values of the resistors marked as R1 

and R2. The values are calculated according to Equation (4) [10], there Vref =1.245 according to the 

data sheet.  

             
  

  
            

     

     
                    

     

     
                      (4) 
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Figure 22. Power supply 3.3V 

 

To generate -5V from -25V a boost converter is used as shown in Figure 23. The normal operation of 

a boost converter is to generate a higher positive output voltage than the input power. The theory of 

the use in this system is according to the article “Practical implementation of negative-input, 

negative-output step-down switching converters” [11]. The main differences are that all connections 

to ground in the standard circuit, are connected to the node with the lowest potential (-25V). The 

nodes used to be connected to the ground in the standard Vin, are connected to the node with the 

highest potential (ground). The other main difference is the current mirror connected to the FB, the 

feedback pin, instead of an ordinary voltage divider in the standard circuit.  

 
Figure 23. Power supply -5V 
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The values of the resistors in the current mirror to generate -5V are calculated according to [11]. The 

value of R8=12kΩ was chosen because it is already used in the circuits to generate 3.3V and 5.0V. The 

value of R10=51kΩ was chosen because it is the value in the E24 series with best match to 49.4kΩ.  

5.9 i2s routing matrix 
The i2s bus over the PCIE64 connector consists of 8 data channels in each direction and 2 clock 

channels. The ADC/DAC on the ADC/DAC board has only 4 input channels, 2 output channels and one 

clock channel. To make the system open and easy to customize, all of the channels from the DSP 

should be able to be connected to any of the channels of the AD/DA converter. As an example, data 

out channel 0-7 from the DSP should be able to be connected to any of data in 0-3 of the ADC/DAC. 

The same thing is needed for the DSP inputs and clock channels. 

The desired layout includes no DIP-switches or jumpers in need to be configured in the production 

process. The solution used in the system is to construct a matrix of 0Ω resistors. The resistors in 

Figure 24 with the attribute DNM, Do not Mount are left unmounted. The signals are only connected 

between the DSP and ADC/DAC if the resistor is mounted. As an example in Figure 24, the data input 

signal I2S_IN_DATA0 to the ADC/DAC, is connected to the DSP output signal I2S_DATA_OUT0 

through the resistor R81 marked in black. By using this technique the developer can choose what 

hardware configuration to be used, by choosing which resistors to mount. A negative aspect using 

this design is the big area needed of the PCB. Figure 25 shows the PCB layout of the routing matrix 

for the input and output network. The same technique is used for the clock channels. The mounted 

resistors, and the traces connected through them are marked in black. The figure shows the top layer 

marked in green, and the first inner layer marked in purple.  
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Figure 24. i
2
s routing matrix, Schematic Figure 25. i

2
s routing matrix, PCB 

 

5.10 Amplifier control signals  
The amplifiers enable signal needs to be distributed from the Ctrl Unit to the 4 amplifier connectors. 

The Current over protection and Thermal protection signals from the 4 amplifier connectors need to 

be collected to one Current over protection and one Thermal protection input signals of the Ctrl Unit. 

The amplifiers control signals have logic level of +5V and the logic level of the I/O ports to the Ctrl 

Unit is +3.3V. To make them compatible with each other a MOSFET transistor is used.  

Figure 26 shows how the MOSFET transistor distributes the enable signal to the 4 amplifiers. To 

disable the amplifiers from the Ctrl Unit, a logic ´1´ is set to AMP_Enable . The transistor becomes 

open and the ENABLE_AMPS signals connected to ground. The pull up resistor helps the Ctrl Unit to 

hold the logic level up without exceeding the maximum output current of the processor. 

  
Figure 26. Enable amplifiers Figure 27. Current over protection from the amplifiers 
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Figure 27 shows how a MOSFET transistor can be used to collect the CURRENT_MON_AMPS signals 

from the 4 amplifiers to one CURRENT_MON signal to the Control Unit. If one of the 4 signals from 

the amplifiers turns low, to indicate a problem, the transistor opens and the CURRENT_MON signal 

turns low. In the same way as in Figure 26, the pull up resistor marked R192 in Figure 27 holds up the 

logic level to not drive to much current from the amplifier signals. The resistor marked R115 is used 

to hold the logic level high to the input of the Control Unit while the transistor is closed. An identical 

circuit is used for the Thermal protection signals.  

5.11 SPDIF 
The system has two SPDIF input connectors, one via a RCA connector and one via a Toslink 

connector. Since the Ctrl MCU only has one SPDIF input port, a relay is used to choose between the 

two inputs by changing the value of the control signal RCA /Toslink. The level of the control signal is 

3.3V and the relay has a logic level of 5V. Figure 28 shows how a transistor is used to get the right 

levels. The diode is used as protection of the circuit. There is no need to use a double diode, only one 

of them is connected. The only reason why a double diode is used is because the same type of diodes 

is used in other places in the system. By using the same type again the total price was reduced. A 

filter is used for the power supply to reduce the noise level.  

 
Figure 28. SPDIF input 
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5.12 Voltage reference 
The circuit in Figure 29 is used to buffer the common mode voltage to the OP amplifiers in the input 

and output networks. It is used to get a more stable signal. The source can be changed, and the signal 

can even get unbuffered, by the selecting which of the resistors to mount. By default the signal 

UNBUFFERED_VREF is used as source from the ADC/DAC via the resistor marked R187.    

 
Figure 29. Buffered common mode signal 

 

5.13 User interface 
The user interface will be in form of a front panel with 6 buttons, a rotary encoder, a two digits 

7-segments display and a website to control the system over Ethernet.  

The front panel is connected directly to the Ctrl unit. The basic functionality can be changed from 

here. Examples of commands are play, pause and changing the volume and the source. All 

commands entered in the front panel will be sent through Ethernet to be able to control other units 

connected to the same network. In further versions more commands will be implemented according 

to the costumers’ requirements. 

The website to control the system will be implemented and running on the Ctrl Unit. Through the 

website the basic functionality will be reached, but also more advanced settings. An equalizer will be 

implemented to control the gain in different frequency areas, but also other features in form of room 

correction via a microphone etcetera. This part will not be included in this thesis work, but is 

mentioned because the hardware needs to be designed to meet those requirements. 

5.14 Ground planes and power planes 
The design of the ground planes and power planes are important to achieve a design with as small 

current loops and as low noise level as possible. 

The design of the planes for the synthesizer can be found in Figure 30, Figure 31 and Figure 32. The 

planes are designed in a way to make all currents to pass the same area. The ground plane in Figure 

30 is a part of the total ground plane in layer 3. The ground plane in Figure 32 is a part of the top 

layer and the 3.3V power plane in Figure 31 is located in layer 5. All the planes have the same shape 

with the connections to the rest of the same plane, in the same area. Also all the signals connected 

to the synthesizer in Figure 32 passes the same area. 
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Figure 30. Synthesizer ground plane  Figure 31. Synthesizer power plane 

 

 
Figure 32. Synthesizer top 

 

5.15 Board layout 
The assembly drawings are illustrated to give the reader information of how the components are 

placed on the boards and to explain why this placement is chosen. 

5.15.1 Backplane 

 The connector to the power amplifier is placed in the upper right corner of Figure 33. +25V 

and -25V are distributed from it to the three regulators in the right side of the figure, but also 

directly to the two PCIE64 connectors. 

 The pin configuration of the two PCIE64 connectors is equivalent and they are connected to 

each other. To minimize the size of the PCB, the ADC/DAC board is chosen to be placed in the 

left connector and the Controller board in the right. The distance between the PCIE64 

connectors is chosen to be as small as possible. In this case the minimum distance is limited 

by the XLR connector, which is the highest component mounted on the ADC/DAC board. 

 The three regulators are placed on the right side of the board, to keep the traces between the 

PCIE64 connectors straight. But also close to the connector to the power amplifier. 
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Figure 33. Layout of the backplane 

 

5.15.2 Controller board 

 The PCIE64 connector is placed in the upper left corner in Figure 34. 

  The placement of the DSP is chosen to keep the length of the traces from the 16 i2s data 

channels and the two i2s clock signals from the PCIE64 connector as short as possible. It is 

also chosen to be placed in a corner to make the high frequency i2s signals as far away from 

the other devices as possible.  

 The placement of the MCU is chosen to be close to the PCIE64 connector to keep the traces 

short. The MCU is the master in the system and needs to be located in a central place to 

make it easier to connect it to all the other devices. 

 The synthesizer needs to be as isolated as possible from the other devices, to reduce noise 

from its high frequency parts. It also has separate ground planes and power plane to make it 

more isolated. The reduced SPI bus and output clock signal from it is connected to the MCU 

and is therefore placed almost straight below it. 

 The Ethernet physical layer device marked as Eth needs to be connected between the 

Ethernet connector and the MCU. A placement close to the Ethernet connector keeps the 

length of the differential pairs on the PCB short, and makes it easier to match the length of 

them. 

 The placement of the RCA and Toslink connector is chosen to make a good mapping for the 

user, and to make it easier to plug in the cables. 

 The Ethernet connector placement is chosen to be as far away from the audio signals as 

possible, but also to make it easier to connect the cable. 

 The placement of the USB connector is chosen to increase the distance between the 

Ethernet connector and the audio connectors. 

  The placement of the front panel connector is chosen to be close to the MCU because of the 

high number of signals between them. It also needs to be close to an edge, to make it easier 

to connect the internal cable to the front panel.  
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Figure 34. Layout of the Controller board 

 

5.15.3 ADC/DAC board 

 The placement of the ADC/DAC is chosen to be close to the PCIE64 connector and the i2s 

select Network, to keep the traces of the i2s signals as short as possible. It is rotated to get 

the digital parts upwards and the analog parts downwards in Figure 35. The digital parts of 

the ADC/DAC and the i2s select Network do also have a separate ground plane to get more 

isolated from rest of the analog board. 

 The regulators marked Reg are placed as close as possible to the PCIE64 connector. The 

reason is to keep the traces to their input power supply short, and keep the resistance low in 

those traces. The output powers are distributed to the other devices through power planes. 

The regulator generating +15V is placed close to an edge. In that way a power plane to the 

microphone can be made without splitting up the other power planes.   

 The placement of the connectors is chosen to make good mapping for the user, and make it 

easier to plug in the cables. It was also chosen to get the analog audio input connectors close 

to the OP-amp Input Network and the analog output connector close to the OP-amp Output 

Network.  

 The placement of the OP-amp Output Network is chosen to get shorter and straighter traces 

to the ADC/DAC without crossing other audio signals in the closest layers. But also to get 

close to the output audio connectors.  
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 The placement of the OP-amp Input Network is chosen to get shorter and straighter traces to 

the ADC/DAC without crossing other audio signals in the closest layers. But also to get close 

to the input audio connectors. 

 The internal connectors to the power amplifiers are placed close to an edge to make it easier 

to connect the cables. But also to be located close to the OP-amp Output Network. 

 The placement of the XLR microphone connector and the two OP-amps for its input stage, is 

chosen to be straight below the regulator which generates the +15V power. In that way the 

power plane can be designed without splitting up any of the other power planes.   

 
Figure 35. Layout of the ADC/DAC board  
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6 Improvements 
Improvements of the hardware in the system have been made in an iterative process. The system 

was not considered finished until the most of the hardware problems were solved. The system is 

developed to be able to handle further features with as little hardware modification as possible. 

Since there was no time to include testing of the hardware, it is heavily recommended to test and 

verify the hardware design before it can be considered as working. 

 Wifi 

The system can only be connected to a network via an Ethernet interface at the moment. To 

be able to add a Wifi interface to the system, a USART bus is connected to the front panel 

connector.  

 Front panel 

No hardware for the front panel user interface is designed. The reason is that no exact 

specifications of what the front panel will contain are made yet. The front panel will be 

connected to the Ctrl board over a header connector. The signals connected to the header 

have been chosen to be able to meet the most of the possible future requirements. There 

are also a few unconnected pins in the header to make it possible to enhance the bus.       

 Multiple ADC/DAC boards 

The bus connectors consists of 8 data channels of i2s in both directions, and 2 clock channels 

in two different clock domains. The ADC/DAC that is used on the ADC/DAC card has only 4 i2s 

data input channels, 2 i2s output channels and can only work in one clock domain at the time. 

The system is designed to make it possible to connect one more ADC/DAC card in the future. 

The only modification needed is to add one more PCIE64 connector in parallel with the other 

connectors on the backplane, and use another set up of the i2s routing matrix in the second 

ADC/DAC board. 

  



30 
 

7 Discussion 
The schematics and layouts in this thesis work resulted in an overall good design, according to the 

company it was designed for. The hardware was still not tested and verified when this report was 

written, and some changes may have to be done before it can be considered a final product. 

Especially values of resistors and capacitors in the filters may have to be changed to optimize the 

performance.  The software to control the system was not either included in this thesis work, and will 

be made by the company in the future. 

Since the reason of this project was to design completely new hardware, many changes were made 

to the specification. The reason of those changes was questions that came up under the design work, 

but also because of new requirements from potential buyers of the product. The most of the changes 

were in form of adding new hardware, needed to add extra features to the system. It resulted in 

much extra work to change the design to meet those new requirements. 

A good thing that was learned was to verify every building block before too many blocks are designed 

in the future. If something is wrong in one block, and the other blocks are built with that as 

reference, it can result in problems in the other blocks. The result is time consuming extra work to 

redesign the other blocks. This extra work could be minimized with some extra attention already 

from the beginning. New software environment takes time to learn, and component libraries need to 

be built up in the beginning. Those libraries will be saved for the future and will reduce the time to 

design new hardware since many components use the same footprints. 

The project resulted in much knowledge for the future. Especially since the design included many 

different types of circuits. The help from the mentor, in form of design suggestions and “know how” 

which are hard to learn from books and literature will be very useful in the future. 

The system was designed to be able to meet the requirements and extensions in the future, with as 

small changes in the hardware as possible. Extra communication channels are routed to connectors 

which are not in use at the moment. Also the routing matrixes there 0Ω resistors can be mounted in 

different places to change input and output signals make the system more flexible.     
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