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Abstract

Microphone arrays are widely used in applications such
as beam-forming, sound field analysis, sound source loca-
lization, speaker tracking, noise cancellation and others.
Prototyping such applications requires a suitable hard-
ware and software environment capable of multi-channel,
real-time, full-duplex audio data processing. In our insti-
tute, a software environment has been developed which
runs on an MS Windows XP platform, allowing for easy
implementation and real-time evaluation of microphone
array filter algorithms.

System Requirements

The main requirements regarding the functionality of the
system were defined as follows:

e Real-time signal processing
e Arbitrary number of input and output channels
e Arbitrary number of interconnectable filters

Further, all filters should be controllable/steerable via
the graphical user interface (GUI) and it should be easy
to implement a new filter for use with the framework.
Also, recording and replay were desired as well as time-
domain and frequency-domain analysis functions.

Solution

In order to realize a system that allows both flexible GUI
programming and easy real-time algorithm implementa-
tion, the software architecture was split up into three co-
ding levels, using C#.NET, C++.NET and native C++
languages ([1, 2]); each language was chosen to fulfill cer-
tain requirements (see fig. 1). Special attention was paid
to the synchronisation of the various audio devices, as the
Windows API maps even multichannel hardware to a set
of stereo devices, such that, for example, eight of the-
se need to be accessed and synchronized for 16-channel
operation. The resulting class architecture of the real-
time core is shown in fig. 2. Managed ref classes form
the interface to the C#.NET layer while native C++
classes access the hardware through Windows APIs. One
central object of class CAudioProcessorKernel synchro-
nizes all CFilterHandler, CRealtimeDeviceHandler and
CHarddiskRecordingDeviceHandler objects being used.
All these are derived from CAudioDataHandler which
provides CSignalSourceBuffer and CSignalSinkBuffer ob-
jects functioning as I/O channel data streams: hardware
input and filter output channels are handled by CSignal-
SourceBuffer objects, while hardware output and filter
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Figure 1: Coding layers (C#/C++.NET & native C++).
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Figure 2: Real-time core: Native and .NET class hierarchies.

input channels are handled by CSignalSinkBuffer objects.
One signal source can be linked to multiple signal sinks,
thus allowing for a very flexible signal routing between
filters, I/O and recording devices.

On the .NET side, the application creates a CAudio-
Processor object and assigns CAudioDevice and CFilter
objects to it. Calling the respective connection methods
causes the corresponding CAudioDataHandler objects to
be cross-referenced by pointers, thus establishing the de-
sired data flow between hardware I/O and filters.

Filter algorithms are coded in native C++ using a ge-
neric C++ API, and are compiled to individual dynamic
link libraries (DLLs). Through this API, information is
provided at runtime which enables the GUI framework to
build an individual control panel for each filter. A filter
may have any number of I/O channels; the C4++ language
also allows direct use of high-performance math librari-
es (such as the Intel Math Kernel Library). At runtime,
multiple filter DLLs can be loaded and multiple instances
of each filter can be active simultaneously.
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Figure 3: Example circuitry with three microphones.

Example

For illustration, we consider an experimental setup with
three microphones as shown in fig. 3. The filter circuitry
is realized by three instances of the Mono Mixer and one
instance of an IIR filter. Fig. 4 shows the GUI main win-
dow with the signal routing. Each filter can be controlled
by its own control window (fig. 5); signals can be viewed
and analysed using oscilloscope and FFT analyser func-
tions; spectral data can be written to a Matlab m-file for
further external analysis and visualization (fig. 6).

[ MEDUSA 2.Dbeta - [Audio Processor 1] ] 55
ol File Wew Tools Windows Help - 8 X
EEEE S |
=1 Audin Sysl

;:p:ls[)a;n:es ~Processor Settings ————— 1/ Davices | Fitere | Recording  Sianal Flow | iing |
Output Devices Samplerate: [44.100Hz = Data Saurces: Data Sinks:
=1 Processors
- Audio Processor1 || | Blocklenath: [2048 samples =l B Input 1. M-Audio Delia 1010 {[ 5= Input 0. Meana
Bralysers o = Input 0. Mono Miser 1 o Input1 M
& Filors Mtetis O Gt = Input 2. Mobudio Delia 1010 £ 22 Input 1 Mona
bt Riecording Master Control = Input 1, Mano Miver 2 C e Input3. M
| = Input 1 Mono Miser 3| £l Input 0 IR Fik
- Maona Miker 1 [Audii Start P S = Inp.
IF Filter 2nd Crder _stat | _Pae | - == Input 3. M-Audio Dela 1010 = utput 0.t
" hano Micer 2 (s = Input 1. Mano Miser 1 Bl Input 0. Mene
. Mano Miser 3 (i € Input 4 MAudio Della 1010 §| | == Output 0.1
- Output =& Output 0. Mono Miser 1 == Input 1. Moo
S = Input 0, IR Filer 2nd0rc || |- Input 2. W
1= Output 0. IR Fiker 2nd Duder || (212 Input 0. Mono
— — =2 Input 0. Mano Miser 2 & Duput 0. |
o re = Input 0. Mon Hier3 1| Bl Input 1. Moo
selector box will contain anly € Qutput 0. Mono Miver 2 = Input 2. W
sampleraies which are suppored by . Output 0. Moo Miser 3
allof these devices
4 | sl | |
Connect Disconnect

[l _»| | Processor is running. 1551/0

Status

Figure 4: The main GUI window with signal routing.

[ ]

Parameters

Input 0: Gain BT e ] re—
o8 11 Fi
Jnput1: Gain Bl [ 1IR Filker 2nd Order 1 o [=] bS]

Parameters

Output 0: Master

Mixes all inputs to a single signal; all sutput channels wil
However, each output has s individual master level cor

Initialize: Set Defauls

Filter was initialized and default settings made.

]
]
]
o}

]

[57 patameterin Hiz] = (62°7°2 + 1% + b1 71272 + a1 2 + al]Min=2. M-,
101]

Filer was iniialized and defaul settings made. |

Filter was initialized and default settings ma Initialize Set Defaults

Filter was initialized and defaulk settings made.

Figure 5: Control windows of Mono Mixer and IIR Filter.
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Figure 6: FFT analyser and data export (Matlab script file).

Summary

The software environment presented in this contribution
operates in real-time and can process an arbitrary num-
ber of filters with any number of I/O channels simulta-
neously. Time and frequency domain analysis (oscillosco-
pe, FFT, FRF) as well as recording/replay functions are
provided. The strength of the system lies in its flexibility
to work with any hardware using standard Windows dri-
vers, and in its effortless extensibility. The GUI control of
each filter enables the user to intuitively evaluate filters.
In the context of microphone arrays, the software allows
building prototypic setups, helping to auralize algorithms
even before the target DSP hardware is developed.
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