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ABSTRACT

Circular arrays are of particular interest 
for a number of scenarios, particularly 
because they can be placed in the 
center of the sources. That improves 
the sound capture due to the reduced 
distance. It also helps on the direction 
estimation, not only because of the 
reduced distance, but also because it 
increases the angle differences. 
Nevertheless, most research on circular 
arrays focused on the case of omni-
directional microphones. In this paper 
we present a new algorithm for sound 
source localization developed 
specifically for directional microphones. 
Results obtained from real meeting 
room setups show a typical error of 
less than 3 degrees.
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General model:

We model signal as reverb and 
additive noise:

Two traditional SSL algorithms:

- Steered Beam SSL:

- ML 1-TDOA:
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Introducing a separable weighting 
function allows reduced 
complexity:

Assumption of constant reverb 
and noise leads to separable 
weighting function:

A hybrid weighting 
function
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System Level Diagram

• SSL run only frames where 
speech is detected;

• Temporal filtering based on 
particle filtering; 

• Noise modeling used to update 
the weighting function;
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The Phase Problem
• Typical directional mics have strong 

phase response variance for non-
frontal incidence;

• Phase response variability makes 
modeling unpractical; 

• SOLUTION: use only mics in 
predictable DOA range, usually 
extending up to 90º or 120º;

No Compensation With Compensation Use cutoff angle

Bias Std #Fs Bias Std #Fs Bias Std #Fs

T1 -1.9 1.2 249 29.8 79.8 195 -3.9 0.6 338

T2 0.0 0.0 298 156.9 21.2 54 0.0 0.0 320

T3 0.7 0.2 205 -146.3 94.6 229 0.8 0.0 282

T4 -0.6 0.6 112 -168.2 5.7 34 -2.6 0.2 429

T5 0.1 0.2 153 159.6 16.5 271 0.0 0.0 422

T6 7.0 29.9 66 160.0 4.0 426 2.5 0.1 419

T7 24.3 52.6 43 114.7 49.3 76 -2.7 0.4 351

T8 -0.2 0.4 161 -151.3 0.7 3 -1.0 0.4 333

T9 -3.6 0.6 92 -132.7 89.7 154 -3.8 0.4 450
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Hardware
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EXPERIMENTAL 
RESULTS

Bias histogram. On the reference test set 
(single speaker), all biases were within 4º from 

the ground truth. 

• 48 recordings;

• Six directional mics, 14cm 
radius;

• Rooms 3.6X6m to 5.4X12m;

ICASSP 2005



CONCLUSIONS

The proposed algorithm is 
based on:

• Preprocessing (VAD);

• Hybrid SSL function, 
incorporating Microphone 
Selection;

• Post-processing;

Typical errors around 3º.
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