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Environmental Monitoring Using Arbitrary 

Microphone Arrays

Introduction

In this paper we report on the early 

phases of building a system using 

microphone arrays of arbitrary geometry 

to zoom in on desired audio in a noisy 

environment. Ultimately a listener will 

be able to simply look at the location 

from where s/he wants to hear the 

audio, controlling the audio zoom via 

head and eye gestures.

The microphone arrays may be a 

permanent part of a venue, embedded 

in the walls and ceiling. Or using low 

cost wireless devices, deployed ad-hoc at 

the time of use (e.g. stuck to the walls 

and ceiling with removable adhesive).

Applications of this new audio zoom 

system include a “super” hearing aid for 

people in a crowded noisy environment. 

Such a hearing aid will have 

performance far exceeding any standard 

hearing aid with microphones near the 

ears. Audio zoom may be very useful 

for the film industry, to capture better 

quality audio during on-location filming, 

and reduce the amount of rerecording 

and post-production required. It may 

also be useful for the computer games 

industry where zooming on natural 

sounds may be desired as part of the 

game-play. Audio zoom will be a very 

useful research tool for studying bird 

communications, providing detailed 

spatial information on territorial 

birdsong, which may help decipher the 

song function.

Background

Augmented audio reality (AAR) [1][2]

[3] is a mixture of virtual reality and the 

natural environment. AAR enhances the 

acoustics of a real world environment 

with additional audio information. 

A hearing aid is a simple example of 

an AAR system. AAR is a subset of 

Augmented Reality (AR), but in practice 

AR systems are focused on visual 

augmentation with little or no emphasis 

on any auditory elements. AR is part 

of the wider mixed reality continuum 

where the aim is to present the real and 

virtual elements in a way that they are 

perceived as one.

One of the most commonly 

quoted, commercially successful 

implementations of an AAR system 

are the Audio Guides such as the 

Sennheiser guidePORT (www.guideport.

com). Although these audio guides 

typically include noise cancelling 

technology, they are not really an AAR 

system but simply location aware audio.

Härmä et al [2] describe an augmented 

audio environment as:

“The concept of augmented reality 

audio characterizes techniques 

where a real sound environment 

is extended with virtual auditory 

environments and communication 

scenarios. An augmented audio 

environment is produced by 

superimposing a virtual sound 

environment onto the psycho-

acoustic environment.”

Literature Review

Microphone array signal processing is 

reviewed in [6][7]. For our application, 

the source signals are wideband 

and mostly indoors where there will 

be significant multi-path effects. A 

thorough review of such MIMO 

(multiple-input and multiple-output) 

systems appears in [8]. Relevant 

theories include the following: a fast 

and efficient frequency-domain Blind 

Source Separation (BSS) method using 

Independent Component Analysis 

(ICA) for a convoluted mixture of audio 

signals [9], frequency domain convoluted 

blind source separation algorithms 

based on real room recordings [10], 

a novel approach to directly recover 

the location of both microphones and 
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sound sources from time-difference-of-

arrival measurements only [11], and a 

linear closed-form algorithm for source 

localization from time-differences 

of arrival (TDoA) [12]. Learning/

training methods are also relevant. A 

microphone array system is trained 

using signals from a set of positions and 

trajectories and subsequently recalls the 

localization information when presented 

with new input signals [13]. Because of 

its learning nature this method provides 

practical advantages in setting up a 

microphone array, by not requiring 

favourable room acoustics, careful 

element positioning or uniformity of 

sensors. A generative statistical model 

for speech and noise sources at distinct 

regions in the soundfield is used in 

[14], and incremental Bayesian learning 

is used to track the model parameters 

over time. A new method for time delay 

estimation based on the analysis of 

the cross spectrum between a pair of 

microphones [15] is also relevant.

A number of the array signal processing 

methods in the literature make use 

of, or can benefit from, knowing the 

location of the microphones in the 

arrays and the location of the sound 

sources. This information can be 

determined from the time difference 

of-arrival or relative delay between 

sound sources and microphones. The 

multiple-measured room impulse 

response (MMRIR) attempts to capture 

the MIMO relationships between sound 

sources and microphones to obtain a 

more comprehensive representation 

of the acoustics of a room. For every 

source-microphone pairing, an impulse 

response (IR) is measured. The delay 

from an IR can be used to estimate 

TDoA for the most direct path while 

the complete IR captures the multi-path 

effects, the timing and intensity of the 

reflections.

There are a range of approaches to 

measuring room impulse responses [25]. 

These include sine sweeps and the use 

of wideband noise. The exponential sine 

sweep (ESS) approach has evolved over 

the last decade to become the preferred 

method for accurate measurement of 

room IR [26]. However, the wideband 

noise approach is very useful for 

non-stationary sound sources and 

where an estimate of IR is required in 

near real-time. Kasami sequences are 

pseudorandom number sequences that 

can be used to create wideband noise 

with special correlation properties. A 

maximal length sequence (m-sequence) 

has a large autocorrelation at zero 

lag, with near zero autocorrelation 

elsewhere, thus enabling the quick 

determination of the impulse response 

of a linear time invariant (LTI) system. 

Maximal length sequences are also the 

base of sets of sequences with good 

correlation properties. 

The small set of Kasami sequences is 

one such set that have small off-peak 

autocorrelations and also small cross 

correlations between sequences. This 

property allows accurate determination 

of time of arrival time of a transmitted 

sequence, even in the presence of other 

interfering transmissions. Code for 

implementing Kasami sequences is 

available free from MATLAB Central 

on “The Mathworks” website (www.

mathworks.com/matlabcentral).

Some practical applications of the audio 

zoom will depend upon methods of 

controlling the location on which the 

array is focused. The control algorithms 

and technologies for user tracking are 

reviewed in [4][5]. We were unable 

to find good examples of natural 

transparent zoom control (without 

external input devices) for visual or 

audio sensors [22][23][24].

Problem Formulation

We consider a signal model where the 

source of interest, i.e. the speaker is in a 

fixed position relative to the microphone 

array. The noise environment consists of 

interference, i.e. surround speakers, and 

ambient noise. The ith microphone array 

received, after sampling, a component 

from the target speaker, s(n), and a sum 

of noise sources v
d
(n), d = 1 ... D together 

with the ambient noise v(n) as

The array data vector received from 

M point sources, impinging on an 

I-element array in space, at time n, can 

be described by

Where v(n) is the received uncorrelated 

noise, u
m
(n) is the signal from the mth 

point source, and the impulse response 

(i.e. steering vector)

represents the acoustic path 

(propagation channel) between the 

mth signal source and the array, where 

b
i 
is the attenuation and t

i
 is the 

propagation time delay from point m to 

the ith array element. The output signal 

y(n) can be written as

where w(n) is the array filter vector, x(n) 

defines the corresponding input data 

vector and H denotes the Hermetian 

transpose. The purpose is to estimate 

the filters w(n) such that the target signal 

s(n) is recovered.

BSS Method Implementation

A fast and efficient blind source 

separation (BSS) algorithm is 

implemented in this paper [9]. This 

frequency domain approach is based 

on convoluted mixing model, which 

provides the flexibility to encompass 

important factors, such as propagation 

delay as well as multi-path and wideband 

nature of the sources. The first step of 

this approach is transforming the data 

into frequency domain using a block 

window which can be approximated as:

where X(k,n),S(k,n),V(k,n) are the DFT 

(Discrete Fourier Transform) of the 

sensor, source and noise signal vectors 

for frequency bin k and time frame 

index n, respectively, and A
k
 is the 

mixing matrix of the kth frequency bin.

The next step is to estimate the 

unmixing matrix by applying the 

well-known FastICA scheme at each 

frequency bin. The FastICA is applied 

iteratively at each frequency bin starting 

from the lowest frequency to the highest 

frequency. The FastICA algorithm [28] 

makes use of an efficient learning rule 

to maximize the non-Gaussian nature 

of the projection. It is among the most 

commonly used algorithms for optimal 

search of the unmixing matrix W that is 

updated based on a nonlinear contrast 

function. The optimization techniques 

like gradient search or Newton 

optimization are used for updating the 

contrast function G(WX) where X is 

the observed matrix of the mixed source 

signals. The general form of the gradient 

search and Newton optimization 

techniques for updating the unmixing 
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matrix W is given by

where g(WX) and g’(WX) are the first 

and second derivatives of the contrast 

function and h is an adaptation step 

size. The function g() can be any non-

quadratic function which must be 

chosen to provide efficient updates.

For the iterative estimation of the 

unmixing matrix, the final solution of 

the previous unmixing matrix is used as 

initial value for the FastICA iteration 

in the current frequency bin. In this 

way, there has been improvement in the 

inherent permutation problem based 

on the assumption that the values of 

the unmixing matrices for the adjacent 

frequency bins are changing slowly. In 

addition, the scaling problem has been 

solved by using the diagonal terms of 

the inverse of the estimated unmixing 

matrix considering that the unmixing 

matrix has full rank.

¨

Figure 1. Part of the recording venue showing 

some of the boundary placed microphones 

(wall and ceiling). The white circle indicates the 

surround-sound microphone array.

Figure 2. One of the random speaker layouts for 

simulating people having conversations anywhere in 

the room.
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Experimental

As there are no readily available data 

sets for multi-channel input and output 

sound in a real venue, we decided to 

record our own.

Setup

An empty moderately sized (8m x 5m 

x 3m) internal room with a carpeted 

floor and a suspected acoustic 

ceiling was used as the venue for an 

experimental recording session. The 

room has windows at one end and a 

large whiteboard at the other. We hired 

a mobile recording studio along with a 

sound engineer, from Sounds Unlimited 

(www.soundsunlimited.net.nz). The 

mobile studio used a Yamaha DM2000 

digital production console as the front 

end for Apple Logic Studio, Digital 

Audio Workstation (DAW) software 

running on a Macintosh Pro computer. 

The setup provided eight discrete output 

channels and 48 microphone inputs. 

Eight Yamaha MSP7 active studio 

monitors from our surround sound 

laboratory were used as the output 

speakers. A collection of professional 

microphones were used to make up 

the 48 inputs. The microphones were 

a mixture of both omnidirectional and 

cardioid directional patterns.

The last seven microphones were in 

a surround sound microphone array 

assembly [27] (see figure 1). The array 

has five microphones (all Sennheiser 

MKH50) equally spaced around a 

circle on a single plane and up and 

down pointing microphones (both 

Sennheiser MKH60). In contrast to this 

structured microphone array, the other 

41 microphones were placed reasonably 

randomly around the room, initially 

on or close to the ceiling and close to 

the walls of the long axis of the room. 

Because of their close proximity to the 

surfaces, they behave approximately as 

boundary microphones.

Experiments

A series of experiments were designed 

and run in the venue. For each 

experimental setup, images of the 

microphone and speaker placement 

were taken so post calibration of their 

position could be performed. All data 

from the microphones was recorded at 

24 bits resolution and 48 kHz sampling 

rate. Almost 50 GB of data was recorded 

from the sessions and this data is 

available from the authors for other 

researchers wishing to collaborate with 

us. 

We imitated two microphone placement 

scenarios. The first is where the 

microphones are embedded in the walls 

and ceiling and the second scenario 

is where they are embedded into an 

audio/video conference table. In both 

scenarios we also included the discrete 

surround-sound array for comparison. 

Three operational scenarios were 

imitated in the recording sessions. 

The first involved real people having 

conversations anywhere in the room. 

The second one involved simulating 

people having conversations anywhere 

in the room and the third involved 

simulating people having conversations 

around an audio/video conference 

table. For the real-people scenario we 

invited staff and students to have a 

conversation amongst the jungle of 

wires and equipment. Up to 12 different 

voices could be occurring at the same 

time. For the simulated conversations, 

a series of podcasts from Radio New 

Zealand, the Canadian Broadcasting 

Corporation and National Public Radio 

(USA), were downloaded from their 

website. These podcasts were typically 

of an interactive interview and included 

both male and female voices. Each 

podcast was trimmed to 15 minutes 

long. The simulated conversations were 

played-back through the eight studio 

monitor speakers set on stands 1.2 

metres high. Up to 16 different voices 

could be occurring at the same time in 

this scenario.

For the second operational scenario, the 

speakers were placed randomly in the 

room and with random orientations. 

Some constraints were applied to 

the randomization to ensure that the 

speakers were not hard up against a wall 

while also being orientated into the wall.

For the simulated audio/video 

conference operational scenarios, the 

eight speakers where placed around 

the table in a regular pattern. Table 

1 details the 11 recordings made, 

covering the different scenarios. Most 

recording sessions lasted around 19 

minutes. For the first four minutes of 

# Title Description 

1 Walk Test conversation – Two males having a 

conversation while walking around the room; 12 

microphones on the walls + 29 on the ceiling + 

surround array. 

2,3 Conversation 1,2 Group conversation – Up to 12 people having 

conversation slowly moving around the room; 12 

microphones on the walls + 29 on the ceiling + 

sur-round array. 

4,

5,

6,7

Random 1,3,4,5 Simulated group conversation – Up to 16 voices 

from eight speakers placed randomly around the 

room; 12 micro-phones on the walls + 29 on the 

ceiling+ surround array. 

8 Table 1 Audio conference – Up to 16 voices from eight 

speakers placed uniformly around the table; 12 

microphones on the walls + 29 on the ceiling + 

sur-round array. 

9 Table 2 Audio conference – Up to 16 voices from eight 

speakers placed uniformly around the table; 29 

ceiling micro-phones + 12 microphones on the 

table + surround array. 

10 Table 3 Audio conference – Up to 16 voices from eight 

speakers placed uniformly around the table; 41 

microphones on the table + surround array. 

11 Delay Test Measurement of recording system internal delay, 

input to output. 

Table 1. Details of the 11 recordings made, covering the different 

microphone placement and operational scenarios
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each recording, signals were played-back 

through the speakers to measure the 

MMRIR. Linear sine-wave sweeps were 

followed by exponential sweeps from 

each of the eight speakers. Lastly, two 

different small set Kasami sequences 

at different sampling rates were played-

back simultaneously through all eight 

speakers.

Results

Initial testing was done using simulated 

data with two microphones and 

two sources (loudspeakers). Two 

configurations were used: For narrow 

spacing, the microphones were 4 cm 

apart. The sources were 1.2 metres 

apart at a distance of 1 metre from the 

microphones. For wide spacing, both 

microphones and sources were arranged 

in a 3 m x 4 m rectangle with the 

microphone and speakers 4 m apart.

Blind source separation using the 

frequency domain method of [9] with 

two male voices as sources was effective 

with a two-ray impulse response (direct 

path plus one reflection), provided that 

the microphone separation was no more 

than about 4 cm (half wavelength at 

4,250 Hz). The permutation ambiguity 

problem inherent in ICA technique 

influences the misalignments for larger 

separation as frequencies become higher.

Non-blind source separation with 

the knowledge of IR of the room was 

tested. As the length of speech signal is 

not fixed, we cannot perform inverse 

filtering on the whole signal at the same 

time. So the signals were windowed 

and inverse filtering was applied in the 

frequency domain using STFT (short-

time Fourier transform) the and results 

were recorded for the robustness with 

changes in parameters.

Figure 5 shows the plot of SIR (Signal 

Interference Ratio) improvement versus 

variation in reflection coefficient 

for wide separation and figure 6 for 

the narrow separation case. The SIR 

improvement is better for the narrow 

separation case and more robust to the 

changes in reflection coefficient of the 

wall. This shows that for narrow spacing, 

we can work with only geometrical 

information and get good results 

without the specific knowledge of the 

wall reflection coefficient. Note that 

the frequency resolution in the case of 

mixing is equal to the length of speech 

signal and in the case of de-mixing is 

equal to the length of the window.

Table 3 shows the effect of window 

size on SIR improvement for the wide 

spacing case. As the size of the window 

is increased, the inverse filter gives 

improved results, with the best results 

for a window size equal to the length 

of speech. The next step is to use the 

measured impulse responses using 

ESS in place of the simulated early 

reflections model. The experimental 

data in the recording sessions were 

done with wide spacing much more 

than 4 cm. It is expected that the IR 

measurements will be sufficiently 

accurate to give good results. FIR 

approximations to the IIR inverse filters 

will also be tested.

Conclusions & Future 

Work

The results presented above are very 

preliminary. We are working towards a 

robust audio zoom (source separation) 

method which is partly blind and 

partly aided by the measured impulse 

responses.

Sampling Rate 16 kHz 

STFT frame size 1024 points (64 ms)

STFT frame shift 512 points (32 ms) 

Frequency bins 512 

Reflection Coefficient of wall 0.5 

Table 2. Parameters used for simulation non-blind source separation

Table 3. SIR improvement with increasing window size for the wide 

spacing case.

Window size 1024 2048 4096 

SIR Improvement (dB) 8.6 10.9 12.6 
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 


 
 



















Figure 3. One of the layouts for simulating people 

having conversations around an audio/video 

conference table.

Figure 4. The final layout corresponding to 

recording 10 in Table 1, with all 48 microphones 

in place.
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Good looking 
noise control.
With Quietspace™ Acoustic Fabric, 

Quietspace™ Workstation, and 

Quietspace™ Panel we’ve made 

it easy to create good looking 

environments with all of the 

bene�ts of superior acoustic 

noise control.
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Figure 5. SIR improvement versus reflection coefficient 

for wide spacing of microphones.

Figure 6. SIR improvement versus reflection 

coefficient for narrow spacing of microphones.


