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1 The Open Speech Platform (OSP)
We describe the use of an extensible, real-time, open-source
speech processing platform (OSP) for noise management re-
search for hearing aids (HAs) [1]. Figure 1 shows the OSP, with
the battery and the carrier board enclosed in a physical case.

Figure 1: Left OSP processing and communication device (PCD) disassem-
bled, showing the battery, the back of the carrier board, and the plastic shell.
Right OSP behind the ear, receiver in the canal (BTE-RIC) ear level assem-
blies, together and disassembled.

2 The Real-Time Master Hearing Aid (RT-MHA)

Figure 2: RT-MHA Block Diagram, which includes three basic HA features
i) Subband Decomposition, ii) Wide Dynamic Range Compression (WDRC),
iii) Feedback Cancellation, and two advanced features iv) Beamforming, v)
Speech Enhancement.

Figure 3: The baseline beamforming (BF) is a generalized sidelobe canceller
(GSC), based on linearly constrained minimum variance (LCMV) beam-
former. It utilizes left and right inputs eL(n) and eR(n). The adaptive filter
uses the sparsity-promoting least mean square (SLMS) algorithm [2] to con-
tinuously estimate interference components i(n). To mitigate the effect of
direction of arrival mismatch and microphone array mismatch, adaptive mode
control and norm constraint are introduced to enhance the system robustness.

3 Experiments

Both file-based simulations and live measurements were con-
ducted to evaluate BF performance. Various objective metrics
were used for objective evaluation and informal subjective evalu-

ations were used in preliminary investigations related to the reli-
ability of the objective metrics. The objective metrics included i)
Single to Interference Ratio (SIR), ii) Narrow-Band Perceptual
Evaluation of Speech Quality (NB-PESQ) [3], iii) Wide-Band
Perceptual Evaluation of Speech Quality (WB-PESQ) [4], iv)
Short-Time Objective Intelligibility (STOI) [5] and v) Hearing-
Aid Speech Quality Index (HASQI) [6].

3.1 File-based Simulation

Twenty audio files with sampling rate 16kHz are randomly cho-
sen from the test set of TIMIT for the target talker, while babble
noise is used for the interference talker. Six different input SIR
scenarios (-5, 0, 5, 10, 15, 20dB) are used to simulate different
level of noisy environment. Figure 4 Left shows the array ar-
rangement and Figure 4 Right shows the SIR performance.
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Figure 4: Left is the arrangement of the two-microphone array, target talker,
and interference talker. A two-microphone array with distance 0.15m is used
in a 4 × 5 × 3.6m3 room. The target talker and interference talker are posi-
tioned 1m away from the microphone array. All impulse responses from the
sources to the microphone array are generated with Lehmann’s image source
method [7]. Right is the SIR performance under 6 different input SIR sce-
narios. The errorbar shows the standard deviation of the 20 TIMIT files. The
baseline BF consistently improves SIR by around 10dB under different levels
of interference.
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Figure 5: Mean and standard deviation of NB-PESQ (upper left), WB-PESQ
(upper right), STOI (lower left), HASQI (lower right) performance under var-
ious input conditions. The errorbar shows the standarad deviation of the 20
TIMIT files.
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Figure 6: Scatter plots of NB-PESQ (upper left), WB-PESQ (upper right),
STOI (lower left), HASQI (lower right) performance of the 20 TIMIT files
under different conditions.

3.2 Live Measurement

Our live measurement setup is similar with the one shown in Fig-
ure 4. Figure 7 shows the SIR performance.
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Figure 7: SIR performance under 6 different input SIR scenarios. The base-
line BF consistently improves SIR in real environments.

4 Discussion

Based on informal listening, we hypothesize that SIR correlates
well with subjective assessments. Figures 5 and 6 suggest cau-
tion in relying on the objective metrics investigated here to guide
BF algorithm development.

Table 1: MOS rating scale

Rating Speech quality Level of distortion
5 Excellent Imperceptible
4 Good Just perceptible, but not annoying
3 Fair Perceptible and slightly annoying
2 Poor Annoying, but not objectionable
1 Bad Very annoying and objectionable

Table 1 shows the category ratings from subjective ratings used
to map distance metrics to perceived quality [3, 4]. Both PESQ

and WB-PESQ were essentially “tuned” for distortions arising
from vocoding in cellular telephony. Based on objective inves-
tigations presented here, both PESQ and WB-PESQ appear to
underestimate perceived quality. Our experience suggests that
PESQ values below 2.0 and less than 0.2 improvement are sus-
pect for using in algorithm development. STOI on the other hand
appears to overestimate perceived quality of BF due to remnant
distortions, while HASQI appears to saturate at a much lower
value than subjective quality would indicate in developing BF al-
gorithms.

5 Conclusion

In this contribution, we described baseline noise management
subsystems of OSP [1]. Objective evaluation of the quality with
various objective metrics was carried out to aid in the devel-
opment of advanced noise management libraries. The baseline
Left+Right BF based on GSC appears to be promising from sub-
jective evaluations, but the objective metrics considered in this
work do not appear to correlate well with the perceived quality.
Nevertheless, objective metrics are very useful during algorithm
development due to their advantages in setting up repeatable and
repeatable scripts. We recommend caution in leveraging objec-
tive metrics developed for one type of distortion for other distor-
tions, unless validated with subjective evaluations.
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