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Abstract:  The performance of a two-sensor based, frequency-domain 
minimum-variance beamforming algorithm (FMV) to extract a signal in 
the presence of multiple interferers was evaluated. Speech reception 
thresholds (SRT) and speech intelligibility measures were obtained from 
listeners with normal hearing or with mild-to-moderate sensorineural 
hearing loss. Word and sentence length stimuli were processed through the 
FMV algorithm, directional microphones alone, or with a simple delay-
and-sum beamformer.  Listener’s ratings of speech intelligibility, percent 
of words repeated correctly, and threshold for words and sentences in the 
presence of four competing signals showed the FMV to provide significant 
performance benefits across different listening environments.     
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1. Introduction  
A binaural adaptive beamforming algorithm that functions in the frequency domain was 
developed as a front-end for hearing aids [Elledge et al., 1999; Lockwood et al., 2003]. The 
frequency-domain minimum-variance beamforming algorithm (FMV) is based on the 
principle of minimum-variance beamforming operating in the frequency domain [Capon, 
1969]. FMV involves minimization of the output energy with the constraint that the target be 
passed through the system with unity gain.  The FMV algorithm differs from other           
two-sensor beamformers that work in the time domain [e.g., Griffiths and Jim, 1982; Zurek 
et al., 1996; Fischer and Simmer, 1996] by its simplified computational approach to 
correlating the input of the two sensors and its fast adaptation time (10 to 20 ms).  This fast 
adaptation allows cancellation of multiple interfering sources so long as they do not overlap 
exactly in frequency and time.  A comparison with other two-sensor adaptive beamformers 
has shown that the FMV outperforms (up to 5 to 6 dB) other adaptive beamformers in 
computer simulation when more than one noise source is present [Yang et al., 2000; 
Lockwood et al., 2003].  
 The FMV was previously tested by presenting sentences in simulated environments 
with four interfering signals (jammers) at three signal-to-noise ratios (SNR) (-3, 0, & +3 dB) 
to listeners with and without hearing loss [Larsen et al., 2001].  Listeners rated sentences 
processed by the FMV more intelligible than the unprocessed sentences.  The current study 
extends the evaluation of the FMV to real-world environments, multiple and varied jammers, 
and different listening tasks.  We evaluated the FMV’s ability to extract a target signal from 
two listening environments of four jammers in the front horizontal plane, located in close 
proximity to the target signal.  The performance of the FMV was compared to that of 
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directional microphones alone (DIR) and of a simple delay-and-sum binaural beamformer 
(DAS).     
 
2. Method  
 
2.1 Experiment 1 
 
The present experiment, motivated by the need to evaluate the FMV performance in real 
world environments, replicated the locations of sound sources in the simulated environments 
[Larsen et al., 2001], and used a new set of speech materials as listening targets and jammers. 
Performance for FMV, DIR, and DAS was measured with fixed and variable SNR tasks.  
Groups of five listeners with normal hearing (ages 20-40 years) and of nine listeners with 
bilaterally symmetrical, sensorineural hearing loss (ages 53-81 years) participated.  Seven 
participants with hearing loss had essentially mild to moderate sloping sensorineural hearing 
loss and two had normal hearing to 1000 Hz with precipitously sloping hearing loss above 
1000 Hz.  Only two listeners were experienced hearing aid users. All listeners learned 
American English as a first language. 

A bank of Optimus loudspeakers (XTS 40, Cat. No. 400-1991) spaced 20˚ apart and 
hidden in a wooden case covered in acoustically transparent black foam (Modified 
Seneimetric Array speaker system) was positioned in a corner of the room.  The room 
measured 3.6 X 3.0 X 3.05 m³ and was lined with 7.6 cm of acoustically absorbent foam 
(SONEX Valueline, Illbruck Corp.).  The reverberation time for the room averaged just over 
0.1 s from 100 Hz to 10 kHz.  Two Sennheiser MKE II cardioid microphones spaced 15 cm 
apart were placed on a tripod. The center of the microphone array was equidistant (0.75 m) 
from the loudspeakers. All loudspeakers were directed to the center of the microphone array. 
The listener sat on one side of the room and the signals were presented to the participant via 
Sennheiser headphones (HDA-200).  The listener adjusted the amplitude of an unprocessed 
signal to a comfortable level to start, and then no more level adjustments were allowed to 
ensure consistency across signal processing settings of the real-time system.  Listeners were 
tested in the same room as the signal and noise presentation to more closely approximate 
listening with hearing aids.  No attempt was made to shape the frequency of the signals to 
compensate for the hearing loss of the participants 
 Fixed SNR task. A compact disk (CD) recording of the Speech Intelligibility Rating 
(SIR) passages [Cox and McDaniel, 1989] was played at 78 dB SPL from the target 
loudspeaker at 0˚ relative to a broadside array of the two microphones 15 cm apart.  Four 
competing speech jammers, presented from speakers at +20˚ and + 40˚ relative to the target 
loudspeaker, consisted of recordings of two male and two female talkers reading sentences 
from the Revised Speech in Noise Test (R-SPIN) [Bilger et al., 1984].  Each talker’s speech 
was reversed to remove linguistic information but preserve the spectro-temporal pattern of 
the speech, and each was placed in a separate track with no silence between sentences.  
These competing reversed-speech jammers were presented, one track per loudspeaker, by 
means of a multichannel playback device (Aark24, Aardvark Audio) and a multichannel 
amplifier (Knoll MR1250).  The RMS amplitude of each of the reversed-speech jammers 
was adjusted to 76 dB SPL at the center of the microphone array.  The level of the reversed 
speech was constant and started before the target signals.  When the four equally intense 
jammers were presented simultaneously from the loudspeakers the overall level was 82 dB 
SPL, resulting in a –4 dB SNR at the microphones for the fixed SNR task.  SNR measures 
refer to the SNR as measured at these microphones and not in the ears of the listeners.  

Variable SNR tasks. Two variable SNR measures used CID W-1 spondee words 
spoken by a female talker (BYU Speech Audiometry Materials CD) and Hearing in Noise 
Test (HINT) sentences [Nilsson et al., 1994] as target materials.  The jammers were identical 
to those in the fixed SNR task.  To create the variable SNR, the target materials presented 
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