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Abstract — This document presents a technical description a
synchronous multichannel audio acquisition system designed for
mobile robotics. This system includes a card of 8 US B
synchronous channels and a set of 8 active and differential
microphones. The US B card provides also an analog stereo
output. It allows a power supply by US B or by an external input.
The electrical consumption is specified not to exceed 2.5 W.
Design of the different power supplies on the card was done in
order to respect those specifications.
As the system is designed for intelligent mobile robotics, a
considerable quantity of noise can interact with the system. This
problem is solved by using differential signals for data transport
with a thorough design of power supply and analog parts.
The card is compatible with the following operating systems:
Windows, Linux and Mac OS . A communication using the Audio
Class 2.0 of the US B 2.0 High-S peed norm was used to transfer
data to the computer. That will avoid creating a driver for each
operating system.

the occupied space. The reduction of those aspects will
improve the efficiency of mobile robots.
The idea of the project is to develop an audio acquisition card
with 8 inputs and one stereo output and 8 preamp lifier
microphone cards. These two kinds of cards must be cheap to
produce, have small dimensions and require less power to
operate then the actual professional audio cards used on the
market to locate sound provenance for mobile robotics and
others applications.
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This paper presents a description of the developed system. The
project specifications, global architecture, materials and
software of the system are d iscussed. This paper ends with a
description of tests and results and follows with an analysis
and a conclusion.

I. CONT EXT

B. State of the Art
Given that there is no audio acquisition card of 8 inputs
intended for robotic applications, the robots are using
professional audio cards used for studio recording. These
cards provide a large number of functionalities that are not
used for the robotic do main (sound effect, integrated mixing,
optical inputs/outputs, S/PDIF, MIDI, mo re than two analogs
outputs). Often they are expensive, large and power hungry.
With the power consumption constraint and the small sizes
that the mobile robotics requires, the actual professional audio
cards are not desirable.

A. Introduction and Motivation
he laboratory of mobile robotics and intelligent systems
intRo Lab of University of Sherbrooke[1] design mobile
robotics adapted to different kinds of environ ments. For
this purpose, the laboratory designed the ManyEars [2]
system, an artificial hearing software allowing a mobile robot
to locate itself and locate sound provenance in real time.

T

Intelligent mob ile robotics systems will be improved if the
robot is able to locate and fo llo w sound provenance in real
time. Th is capacity can help to locate a person or an
interesting event in the environment.
To give this capacity to a software system, the challenge is not
just to locate simu ltaneous sound provenance, but to keep
track of their evolution with time. The ManyEars pro ject
offers a new way to locate the sound sources and a strong
following method using 8 microphones.
The tests on a mobile robot show how the algorithm allo ws to
locate and to follow in real time mu ltip le sound sources within
7 m. These new capacities allow the robot to react naturally.
Using such a system, the robot must be equipped with an 8
input synchronous audio acquisition system. The biggest
constraints for mobile robotic are the power consumption and

Considering the availability o f the USB 2.0 port versus
FireWire o r Peripheral Co mponent Interconnect (PCI), the
project will use USB 2.0 High-Speed for data transfer.
Likewise, the transfer rate is at 480 Mbits/s and it is good
enough to transfer data for 8 microphones and one stereo
output.

Cards like MULTIFA CE II fro m RM E Co mpany equipped
with PCI interface and the Ultra-Lite-mk3 Hybrid card fro m
MOTU equipped with FireW ire interface are co mpatible with
the ManyEars system. Those cards cost around 1000$,
measure 20 cm x 12 cm x 6 cm and consume 12 W. In
addition, this power doesn’t include the 8 microphones ’
consumption.
Until now, the available USB synchronous audio acquisition
interfaces use predominantly the USB Audio Class 1.0 norm
that allows only two microphones or a proprietary USB
protocol. Those that use the 2.0 version are too voluminous for
this application.

The definit ion of the audio class norm is applicab le to all
devices that have integrated functions for voice and audio
manipulating.
Audio acquisition products under the USB Audio Class 2.0
norm are p ractically new on the market [3]. The improvement
compared with Audio Class 1.0 allows increasing the capacity
in terms of channels, resolution and sampling frequency.
Furthermore, most mobile robots use a personal computer
(PC) as central processing system. Linu x is the most popular
operating system because it is the only one that can allow
using Robotic Operating System (ROS) [4].
Until now, a few manufacturers provide devices using USB
Audio Class 2.0 but interest seems to appear with reduction in
popularity for some products using FireWire and PCI.
II. DESCRIPT ION OF T HE SYST EM
A. Request for Proposal
The main objectives are the design of an USB synchronous
audio acquisition card with 8 inputs and one analog stereo
output and 8 pre-amplification microphone cards. The
acquisition card has to allo w power supply fro m the USB port
or an external source. The microphones have to be supplied by
the main USB card. Total consumption of the system must be
under 5 W to allow power supply by USB in overcharge (5 V
at 1 A). The card has to measure approximately 7 cm by 10
cm and 3 cm of height.
Regarding sound quality, the system needs to have between 12
to 48 bits of resolution and have a range of sampling
frequency between 48 and 192 kHz.
B. Global Architecture
The project presents a simp le arch itecture made up with three
principal blocs. The first one is USB co mmun ication, the
second one is the microcontroller and finally the audio codecs.
Those blocs are shown in the Figure 1.

C. Important Modules
1) USB Communication
The card has to communicate by USB using USB 2.0 protocol.
The audio inputs and outputs are supported by USB Audio
Class norm. The 8 input channels are supported by version 2.0
and more [3].
2) Microcontroller
The system is using a XMOS microprocessor with a second
generation [5] « L » arch itecture. XM OS offers a develop ment
kit that meets the needs of the project in terms of hardware
and software. Indeed, this develop ment kit includes a software
implementation of the Audio Class 2.0 norm not availab le on
the market.
The main interest with XM OS is its arch itecture wh ich is
based on events [6] instead of processor cycles like most
microcontrollers [7].
The advantage of XMOS event programming is the
subsequent improved power management. The processor
allo ws dynamic power management according to the
frequency of use.
A software d isadvantage of this processor is that the number
of availab le threads and their execution times are fixed by
hardware. Consequently, the processor might not be used at
its full potential because each defined thread has the same
capacity regardless of the quantity of processed data. .
The assembly of the double core processor involves additional
costs due to its physical format QFN-124, which requires
specialized equip ment. Moreover, the assembly imp lies a
validation test using X-rays.
3) Audio acquisition
To improve noise rejection of the system, the use of
differential signals is very advantageous to consider. The
codec CS42448 fro m Cirrus Logic [8] has differential inputs
and tools for noise filtering and allo w the use of I2S protocol

[9] for audio transfer and I2C protocol [9] for the codec
configuration. Furthermore, it was shown that the Cirrus
Codec and XMOS p rocessor are compatib le by the XMOS
audio 2.0 development kit.
To reduce crosstalk in the microphone cables, analog filters
proposed by Cirrus Logic for the codec are placed at the
differential inputs.
D. Hardware
1) Power Supply
The synchronous multichannel audio card was designed to be
powered either by USB or an external power supply. To power
the card by USB has the benefit of simplify ing the integration
by using the existing circuit and wiring. However, using an
external power supply gives a better control of the power
output and avoids the overloading of the USB hub. The power
delivered by an external power supply can also be higher (up
to 7.5 W) than by USB (up to 2.5 W). Using the USB
technology yields stricter power specificat ions as the
maximu m cu rrent is 500 mA and the voltage can vary between
4.4 V and 5.25 V.

locations (to find the position of sound sources). Each
microphone must then have its own preamp lifier card which is
powered by the main acquisition card. Considering the current
conditions of operation, the physical dimension of the
microphone cards needs to be minimized. Figure 2 shows a
picture of one microphone card. Its dimensions are 2.3 cm by
2.3 cm. The major electronic co mponents are the following;
the microphone (of electret type), the preamplifier (TS472)
and the RJ11 connector (on the back side). The selection
criteria of the preamplifier are a h igh signal-to-noise ratio,
differential input and output and a closed loop gain of
approximately 40 dB (to obtain a peak-to-peak amp litude of
4.3V at the output). The RJ11 connector was chosen more
importantly because of its parallel insertion to avoid the power
line to make contact with the data line. The connector also
needed to have a latch mechanism. The RJ11 and XLR mini
met those requirements and RJ11 was selected due to its low
cost and easy use.

The range of voltage of an external power supply goes from 7
to 36 V to allow a large flexibility in the voltage provided by
the robot. To minimize the voltage and current ripple, the
input and output of the regulation circu it pass through tight
filtering.
Figure 2: Microphone card
When the external power supply is turned on, a power
mu ltip lexer (TPS2111) will auto matically detect this source
and choose it over USB. Th is design feature allows an easy
transfer between the power supplies.
To maximize the signal-to-noise ratio and obtain the
resolution of 16 b its required by the specificat ions, a high
analogue reference voltage is needed. It is acco mplished
using a low-dropout voltage regulator (LDO). Using this
method, the analogue reference voltage can be as high as 4.3V
even when the USB voltage is at its minimu m (4.4 V).
Consequently, the ADCs acquire the analogue signal with a
resolution of 16 bits and 66 µV per division [11]. The 4.3 V
LDO (TPS79501) was also chosen for its small size, good
immun ity to input power supply noise and rejection ratio
(PSRR).
A digital reference voltage of 3.3 V must also be produced on
the board to power the codecs, the USB PHY, the phase
locked loop (PLL) and the inputs/outputs of the XMOS
processor. The conversion to 3.3 V is achieved by a step-down
DC-DC converter (NCP1421E).
Two other converters are required. A LDO converter
(NCP599SN18) is used to produce a voltage of 1.8 V also to
power the USB PHY and a DC-DC converter (FAN2011) is
used to power the XMOS cores.
2) Microphone card
As mentioned earlier, the sound card is designed to acquire
audio signals fro m 8 microphones placed at predetermined

3) Analogue Signal Conditioning and Integrity
To preserve the audio signal integrity is one of the main
targets of a sound card. In this section, the different measures
to reach this goal are described.
Firstly, the analogue signal coming fro m the microphones is
transmitted in differential mode unto the codecs. Differential
mode was preferred to single-ended signaling because of its
better noise immunity and because it increases the dynamic
range of the analogue/digital converter of the codec. Since the
acquisition card was designed to be operated under mob ile
robotics conditions, many sources can induce electromagnetic
interference in the transmitted signal. By using twisted pairs
for signal t ransmission (will distribute the interference) and a
differential amplifier (will reject the co mmon mode noise), the
effect of electro magnetic interference on the audio signal will
be minimized and thus its quality increases.
Furthermore a d ifferential signal will produce higher
amp litude co mpared to a single -ended signal taking into
account the same reference voltage, which will increase
dynamic range. According to the codec’s datasheet, dynamic
range goes fro m 102 dB (single-ended signaling) to 105 dB
(differential signaling) which yields a 41% increase.
Keeping signal integrity in mind, the microphone
preamp lifiers were p laced the closest possible to the
microphones to reduce effects of electro magnetic interference
and to preserve a good signal-to-noise ratio.

At the preamplifier’s output, the signal goes through a
differential audio amplifier (LM E49726) that biases the signal
for the codec’s input and also filters the signal to avoid
aliasing. This amplifier was chosen because it is especially
intended for audio and it uses a single power supply. The
band-pass filter has a flat frequency response in the audio
band and has a rejection of 20 d B at the lowest sampling
frequency. The configuration of the anti-aliasing filters is the
one suggested by the manufacturer of the codecs (Cirrus).
4) Codecs
The main purpose of the codecs if the signal conversion from
analogue to digital (and the other way around) and I2S (Inter
IC Sound) serial protocol management to exchange data with
the XMOS processor. To meet the specifications, each codec
uses four out of six 24 bits converter inputs and the sampling
frequency can go up to 192 kHz.
The various codec settings (converters’ operation mode,
sampling frequency, power and more) are set by the XMOS
processor through a serial co mmun ication I2C (Inter
Integrated Circuit) link.
The codec was selected for its analogue reference voltage
range which allo ws using 4.3 V versus 5 V fo r other codecs
and also for its dynamic range of 105 dB in differential mode.
Moreover, the codec is part of a reference design fro m XM OS
Co mpany. Codecs were used instead of only an ADC with 8
channels because the card needed to have an audio output
which required an integrated DAC.
5) PCB (Printed Circuit Board) Design
To meet the specifications with regard to size, it is necessary
to have a logical component placement.
The PCB has four layers to allow a ground plane and a power
plane. A single ground plane is preferred to a separated ground
plane to avoid creating voltage between the planes which
could produce instability in the analogue power supply.
Therefore, the PCB was div ided into two sections, a first one
intended for the digital domain and a second one for the
analogue domain.
The power plane was div ided into three sections (as shown by
Figure 3). A first one for the digital domain (in red), a second
one for the analogue domain (in orange) and a last one to
power the XMOS cores (in blue).

Figure 3: Power Supply Plane
The digital section of the plane is used to power with 3.3 V the
digital part of the two codecs, USB PHY, phase locked loop
(PLL) and XMOS cores. This section covers approximately
half the PCB.
The analogue section of the plane is used to power with 4.3 V
the analogue part of the codecs, differential amplifiers, and for
the two audio outputs.
The section which powers the XMOS cores with 1 V is
located directly under the integrated circuit of the XMOS
processor for an easier access to inner pins.
Div iding the power plane in an analogue and digital domain
improves the signal-to-noise ratio (SNR) by isolating the high
frequency noise generated by digital co mponents from the
analogue domain.
To provide the best transmission possible of the input
differential signals to the codecs, it is advised to keep a
constant length between each differential pair. In order to
follow standard engineering practices, there is a large number
of decoupling capacitors to transfert power to the different
integrated circuits of the card. Th is will insure proper
operation of the card.
1) Software Components
1) USB Audio Class 2.0
The prototype is co mpliant with Audio Class 2.0 of the USB
2.0 norm to allo w using the card in any operating system
without installing a specific driver.
The XMOS reference design provides the imp lementation of
Audio Class 2.0. Th is imp lementation is availab le under a
particular license that prevents us fro m releasing the source
code. However, it’s possible to take a confidential agreement
with XMOS to get access to the source code (NDA).
Nevertheless, we decided to use this imp lementation and adapt
it with our design.
To avoid creating a new driver, the generic driver available
with Audio Class 2.0 is used. This option also reduces the
amount of support to be provided after the project.

This is a class of USB devices supported by Linu x (Ubuntu
10.10 and up) and Mac OS. It’s not supported by Microsoft
(Win7 SP1). However, a driver is availab le by a third party. It
is just a question of t ime before M icrosoft will prov ide the
support.
2) Event Based Architecture
The « L » architecture of XM OS microprocessor family is of
particular interest for mobile applications. The eight threads
for each core are independently activated by events instead of
running all the time according to the system clock. This brings
a considerable saving of energy because only active threads
consume energy. A part icular attention is given to the
synchronization between the XMOS co re and the d ifferent
threads. An external clock is used to synchronize the codecs
and XMOS cores for the data acquisition [12-13].
III. RESULT S, VALIDAT ION AND T EST S
Before performing the tests, the various power supplies
needed to be validated. With test point support, a reading of
tensions produced by power components allowed to ensure
that all power nodes were carrying the proper voltage.
A test concerning the power multip lexo r allowed confirming
that the system can switch without problem fro m USB power
supply to external power supply. It consists in unplugging the
external power supply when USB is connected and validat ing
if the card is powered and still working properly.
The first series of tests were followed by the recording of the
analog inputs of the system on a computer that was plugged
into the USB port.
All tests confirmed that the system meets the goals mentioned
in the specifications of the project. The audio acquisition of
the 8 analog inputs and the analog stereo output are functional
as well as the audio data transfer fro m the USB port. Those
results are valid on Linux, Mac and Windows.
A. Validation Method and Selected Tests
This section presents the key tests made to characterize the
functions of the USB synchronous multichannel audio
acquisition system.
1) Electrical Consumption
The electrical consumption has to be verified for the external
power supply and USB when the system is plugged with and
without the 8 microphones. The external power supply can
change from 7 to 36 V. The consumption will thus be tested
for different external voltages (7, 12, 24, and 36 V) and for
USB power only. The total consumption of the system must
not exceed 5 W.
2) Latency between Acquisition Channels
The same signal is transmitted to the 8 microphone inputs
installed at the same distance from an omnid irectional sound
source (a glass). A recording of the eight tracks was done with
Electroacoustic Toolbox [14] software. The integrated

oscilloscope was used to confirm that the offset between the
inputs is not higher than an acquisition cycle.
3) Effective Number of Bits (ENOB)
The ratio between the maximal noise in the inputs of the audio
codec versus the reference voltage of the same codec
determines the loss in effective bits in the least significant bit
(LSB) zone. The effective nu mber of b its desired is 16 b its but
the operating threshold for robotics applications is 12 bits
[15]. To perform the test, a frequency generator produces a
signal with fixed frequency to one of the analog inputs of the
system. A slight increase of the signal amp litude is done. We
take the smallest amplitude variation (voltage) that changes
the digital signal by one bit. Then we divide the range of
voltage (4.33V) by the voltage variation to define the effect ive
number of bits (ENOB).
4) Mean Noise Floor
This section allo ws quantifying the mean noise floor of the
system. To do this, an analog input of the card will receive a
signal fro m the generator and another input will act as the
control group. The difference between the two inputs allows
calculating the mean noise floor of the system.
B. Quantitative Results
The following table displays results of important tests
performed on the acquisition system.
Size

Length (mm)

Sound card
Microphone

125
23

74
23

15
15

Power supply
External
(without
microphones)

Voltage (V)
7
12
24
36
7
12
24
36
5

Current (A)
0.332
0.198
0.114
0.0867
0.343
0.208
0.118
0.0884
0.434

Consumption
2.324 W
2.376 W
2.736 W
3.121 W
2.401 W
2.496 W
2.843 W
3.182 W
2.1675 W

External (with
microphones)

Width
(mm)

USB
(without
microphones)
0.449
USB
5
(with
microphones)
Maximum with external power supply
Maximum with USB power supply

He ight
(mm)

2.246 W
3.182 W
2.246 W

Latency

Maximum delay between 2 audio channels
16 µs

ENO B

Effective number of bits
22 Effective bits

Noise Floor
Mean
Maximum

-132 dBV
-112 dBV

The card’s size is slightly larger than requested in the initial
specifications (i.e. 125 mm × 74 mm against 100 mm × 70

mm) however this small oversize has neglig ible impacts on the
quality of the final product.
As one can see, the maximu m power consumption of the
sound card is a lot smaller than in the original specificat ions
(i.e. appro ximately 3.2 W against 5 W). Maximu m power
consumption occurs while using the maximal external voltage
of 36 V. If the external voltage is reduced to the minimal
voltage of 7 V, consumption becomes 2.5 W. The variation of
consumption is caused by the reduction of power loss in the
DC-DC converter at the power supply’s input.

One future benefit for IntRo Lab could be to include partially
or totally the position calculations that are necessary for the
operation of ManyEars software on the acquisition card.
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