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Introduction
The beamforming algorithm aims at localizing the position and voice of 
the active speaker in order to emphasize relevant signals coming from 
this direction and remove noise from the other directions.

ObjectiveObjective: Use the Kinect to record speech with and without using 
the beamforming algorithm in order to establish the gain in speech 
recognition triggered by performing beamforming.

Method: Record several digits’ sentences from different positions in 
front of the Kinect both with and without beamforming and see the 
accuracy and percentage of correct words obtained from these expe-
riments.

Discussion
As can be seen in all of the tables and chart above, in general, the beam-
forming algorithm did improve the performance of speech recognition in 
almost every scenario, in terms accuracy or percentage of correct words.

This effect is become more noticeable especially when the speaker is not 
speaking directly in front of the kinect/mic. There can be up to 5% diffe-
rence between those two methods.

In conclusion, we believe using beamforming to focus on the sound 
source direction of a speech can enhance its recognition. Of course, 
more experiment is needed to really confirm this result. A more exhaus-
tive evaluation, for example using bigger model (common English words 
instead of only just digits), is left as future work.

Results

We record using 2 different modes 
which are the folowing ones:
 -  Single microphone array mode.
 - Optibeam
BothBoth modes are recorded using Active 
Echo Cancellation (AEC). The recording 
is performed using example application 
packaged with the Kinect developer tool-
kit.

Two sentences for each position:
 1.  “zero one two three four five six seven eight nine”
 2.  “three five nine seven six one eight four two zero”

Experimental Setup
Recording setup: 6 different 
positions (left-near, center-
near, right-near, left-far, cen-
ter-far, right-far). 

Beamforming with Kinect
What is Beamforming?
The objective of beanforming is sound localization. This is performed 
thanks to a microphone array that contains multiple, closely positionned 
microphones. The beamforming algorithm uses spatial and temporal 
information to retrieve the sound position and direction.

Beamforming in the KinectBeamforming in the Kinect
The Kinect sensor includes a 4-element linear microphone array (Fig. 1). The microphone array 
can supply four channels of 24-bit resolution at 16 kHz sampling rate. [3]

Method
Language model: digits from LAB 3 [1]

Recognition method: Gaussian HMMs (G-HMMS) for the following 
feature kind: MFCC (Mel Frequency Cepstrum Coefficients) [2] with 
zeroth coefficient, deltas, acceleration and cepstral mean substraction.

MFCC
Mel-frequency cepstral coefficients (MFCCs) are coefficients that are commonly derived as fol-
lows: [5]
 1.  Take the Fourier transform of (a windowed excerpt of) a signal.
 2.  Map the powers of the spectrum obtained above onto the mel scale, using triangular   
  overlapping windows.
 3.  Take the logs of the powers at each of the mel frequencies.
 4.  Take the discrete cosine transform of the list of mel log powers, as if it were a signal.
 5.  The MFCCs are the amplitudes of the resulting spectrum.
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HMM
AA hidden Markov model (HMM) 
is a statistical Markov model in 
which the system being mode-
led is assumed to be a Markov 
process with unobserved 
(hidden) states

In this case, we apply it on the 
computed MFCCs

The algorithm follows an approach cal
led Minimum Variance Distortionless Response (MVDR). The steps are the following:

 - Definition of the target beam shapes
 - Pattern synthesis: find a set of weights that fit the real beam shape into the target via a  
  least-square requirement.
  - Normalization: ensures unit gain and zero phase shift for signals originating at the focus  
  point.
 - Optimization of the width: one-dimensional search on the target area width with crite 
  rion  of total noise suppression. It recomputes the optimal normalized weights to find the  
  minimum average noise energy in a certain interval around the work point.
 - Calculation of the weight matrices for each beam set.

AssumingAssuming that combining the signals from all sensors is just a weighted sum, the algorithm asso-
ciates a beam shape to each set of weights. Every beam shape represents the beamformer com-
plex gain as function of the sound source position.
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