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Fig. 2. Spectrograms of clean speech, noisy speech, and enhanced signals,
with door closing interference at 0 dB SNR. The figure highlights the transient
noise suppression at around 4.2 second using the proposed method.

for speech enhancement, a; = 2:4, a, = 0:2, ¢ = 1.7,
and { = 1. For objective measurement, the speech sequences
were taken from NOIZEUS speech database, which contains
30 English sentences recorded from 3 male and 3 female
speakers [2]. The evaluated noise was a recorded cafeteria
noise comprising a mixture of non-stationary and transient
noise. The signals were all sampled at fy = 16 kHz. All
speech utterances were contaminated by the noise with 4
levels of SNRs, 5 dB, 0 dB, 5 dB, and 10 dB. The
results were generated with a square-root Hanning window and
K = 512 frequency bins. Performance evaluation was done
using the intrusive perceptual evaluation of speech quality
(PESQ) measure [23] and short-time objective intelligibility
(STOI) measure [24], where the former evaluates the speech
quality from a score 0 to 4.5 and the latter rates the speech
intelligibility from O to 1.

Figs. 2 and 3 depict the spectrograms of the noisy signals
in two real-time social scenarios. Fig. 2 illustrates a speech
sequence produced in a room with a door closing sound
occurred at time instance around 4:2 second. It can be seen
that MSIG-PRED was able to suppress the transient noise
and maintain the speech components, while MSIG treated the
sound as speech onsets. A more complicated noisy scenario
has been shown in Fig. 3, which was recorded in a cafeteria
with various non-stationary noise signals and transient noise.
The figure shows that the proposed algorithm was capable of
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Fig. 3. Spectrograms of clean speech, noisy speech, and enhanced signals in
a noisy cafeteria at 0 dB SNR. The proposed method reduced the impulsive
noises while maintaining the harmonic structure of the speech.

suppressing the banging sounds happening in the background
of a social settings while maintaining the integrity of the
speech components. This is an important features for a hear-
able device to preserve the speech and to prevent the transient
noise from being accentuated after speech enhancement.

The objective measurement evaluates the noisy scenario as
illustrated in Fig. 3 with speech sequences from NOIZEUS
database. Fig. 4 shows the results of both the PESQ scores
and the STOI scores for all the evaluated algorithms. It
can be observed that both MSIG-PRED and MSIG have
similar PESQ and STOI scores over the evaluated input SNRs.
This indicates that the proposed transient noise suppression
algorithm reduces the impact of the transient noise without
affecting the quality and intelligibility of the speech. However,
while the two processing methods improve the speech quality,
they both lower the speech intelligibility. The benefit provided
by the proposed transient noise suppression is that it does not
reduce the intelligibility further.

V. CONCLUSION

To conclude, an algorithm for transient noise suppression for
speech enhancement is proposed. An adaptive linear prediction
based on Burg’s lattice algorithm is firstly utilised to enhance
the transient noise from the speech components. Second,
the power spectral density (PSD) of the enhanced transient
noise is estimated by tracking and suppressing the residual
noise with a soft-decision based estimator. A speech masking
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Fig. 4. Objective measurement with PESQ and STOL

threshold is then utilised to avoid the suppression of the speech
components at high frequencies. This filter is employed in a
typical speech enhancement framework to realise a complete
noise reduction scheme. Experimental results show that the
proposed algorithm is capable of suppressing different types
of transients, without affecting the speech. Based on the two
examples shown, the proposed method reduced the PSD of the
transients with low impact to the speech. This is supported by
both objective measures, PESQ and STOI, which evaluate the
speech quality and intelligibility, respectively. The algorithm
also demonstrates its capability to be implemented for real-
time applications without prior knowledge about the time
position of the transient noise.
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