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LETTER

A Band Extension Technique for Narrow-Band Telephony

Speech Based on Full Wave Rectification

Naofumi AOKI†, Member

SUMMARY This study investigates a band extension tech-
nique for narrow-band telephony speech. The proposed tech-
nique employs full wave rectification that nonlinearly generates
high-band overtones from the low band. In order to improve
the conventional technique, this study investigates a frame-by-
frame gain control based on the estimation of gain parameter
from narrow-band telephony speech. A subjective evaluation in-
dicates that the proposed technique outperforms the conventional
technique.
key words: band extension, telephony speech, full wave rectifi-
cation

1. Introduction

Band extension of narrow-band telephony speech may
potentially improve the intelligibility of speech commu-
nications.

In order to reconstruct artificially the high band,
full wave rectification is employed in the conventional
technique [1]. This technique nonlinearly generates
high-band overtones from the low band.

As shown in Fig.1, the conventional technique ap-
plies full wave rectification to the band between 2 and
4 kHz in order to generate the high band over 4kHz [1].
Such high band is mixed with the low band after an
appropriate gain control.

Although the conventional technique generally
works well for voiced speech, it is pointed out that the
conventional technique is not very appropriate for un-
voiced speech [1]. Due to the constant gain parame-
ter, the conventional technique does not appropriately
take account of the fact that the high band of unvoiced
speech tends to be prominent compared with that of
voiced speech.

In order to improve the conventional technique,
this study investigates a frame-by-frame gain control
based on the estimation of gain parameter from narrow-
band telephony speech.

2. Proposed Technique

In order to emphasize the gain for the high band of
unvoiced speech, the proposed technique employs a pa-
rameter called gradient index for the detection of un-
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Fig. 1 Procedure of the band extension technique based on full
wave rectification: (a) original speech, (b) band-pass filtering, (c)
full wave rectification, (d) high-pass filtering, and (e) mixing the
low and high bands.

voiced speech [2].
The gradient index of speech data obtained from

k-th frame is defined as follows.

d(k) =

N−1X
n=2

∆Ψ(n)|sn(n)− sn(n− 1)|vuutN−1X
n=0

s2n(n)

(1)

with

∆Ψ(n) =
|Ψ(n)−Ψ(n− 1)|

2
(∈ 0, 1) (2)

Ψ(n) = sign(sn(n)− sn(n− 1)) (∈ −1, 1) (3)

where sn(n) represents narrow-band speech data. In
the proposed technique, N is chosen to be 160. It is
equal to 20 ms at an 8 kHz sampling rate.

The gradient index measures the number and the
magnitude of direction changes of speech data. It shows
large values when the power of the high band is promi-
nent. Therefore, the gradient index can be a useful
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Fig. 2 A Japanese speech data “shiro”: (a) waveform, (b)
RMS of the high band, (c) gradient index.

indicator of unvoiced speech.
Figure 2 shows the RMS (Root Mean Square) of

the high band and the gradient index of a Japanese
speech data “shiro”. As shown in this figure, there is
positive correlation between these parameters. Simi-
larly to the RMS of the high band, the gradient index
shows large values in unvoiced speech.

Exploiting this characteristic, the proposed tech-
nique simply defines the gain of k-th frame as follows.

g(k) = α · d(k) (4)

where α defines the ratio of the power between the low
and high bands. In the proposed technique, α is em-
pirically chosen to be 1, so that the gain is equivalent
to the gradient index itself.

The correlation coefficient of the RMS of the
high band between the original speech data and band-
extended speech data was calculated from 100 speech
data obtained from a Japanese speech database [3]. The
larger the correlation coefficient, the more the band ex-
tension technique works effectively.

The average of the correlation coefficient was 0.71
between the original speech data and band-extended
speech data processed by the proposed technique where
the gain was varied frame-by-frame.

On the other hand, the average of the correlation
coefficient was 0.47 between the original speech data
and band-extended speech data processed by the con-
ventional technique where the gain was constant at 0.5
for all frames [1].

These results indicate that the proposed technique
is more appropriate for generating the high band com-

Fig. 3 Spectrogram of the original speech data “shiro”.

Fig. 4 Spectrogram of the band-extended speech data “shiro”
with the conventional technique.

Fig. 5 Spectrogram of the band-extended speech data “shiro”
with the proposed technique.

pared with the conventional technique.
Instead of the gradient index, the zero crossing rate

of speech data is often employed for the detection of
unvoiced speech [4].

Similarly to the gradient index, the zero crossing
rate may be employed for gain control [5]. However, the
average of the correlation coefficient was 0.66 when the
zero crossing rate is employed instead of the gradient
index. This indicates that the gradient index may be a
better candidate for the gain parameter compared with
the zero crossing rate.

Figure 3 shows the spectrogram of the original
speech data “shiro”. The results of the band extension
with the conventional technique and the proposed tech-
nique are shown in Figs.4 and 5, respectively. These fig-
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Table 1 Seven-point score of CMOS.

point quality
+3 much better
+2 better
+1 slightly better
0 about the same
−1 slightly worse
−2 worse
−3 much worse

ures indicate that the proposed technique outperforms
the conventional technique especially in the case of un-
voiced speech.

In order to mitigate the aliasing effect caused by
the nonlinear processing, the full wave rectification is
performed at a 64 kHz sampling rate by using an over-
sampling technique. In addition, in order to mitigate
the tonal noise caused by artificial formant structure
generated by the full wave rectification, a linear predic-
tion technique is employed for flattening the spectral
envelope of the high band.

These two techniques were applied to both the pro-
posed technique and the conventional technique in a
subjective evaluation described below.

3. Subjective Evaluation

Subjective evaluation was performed in order to exam-
ine how effectively the proposed technique makes the
speech quality intelligible. 10 speech data consisting of
5 male voice (m1 - m5) and 5 female voice (f1 - f5) were
obtained from the speech database [3].

The evaluation employed CMOS (Comparison
Mean Opinion Score) [6]. In each trial of comparison
test, stimulus A and stimulus B were presented to the
listeners in this order, where stimulus A and B were
the band-extended speech data processed by means of
either the proposed technique or the conventional tech-
nique.

10 listeners rated the quality of stimulus B com-
pared with stimulus A according to Table 1. Each com-
bination of stimulus A and B was presented twice by
reversing the order, so that each condition was evalu-
ated 20 times by 10 listeners.

Figure 6 shows the experimental result. This fig-
ure also shows the 95 % confidence intervals of the aver-
ages. This result indicates that the proposed technique
outperforms the conventional technique.

4. Conclusions

Experiments indicated that the appropriate gain con-
trol may improve the conventional technique. Empha-
sizing the high band of unvoiced speech may enhance
the intelligibility of the band-extended speech data. It
seems that the gradient index is an appropriate candi-
date for the gain parameter.

In order to investigate the potential advantage of

Fig. 6 CMOS score of the proposed technique compared with
the conventional technique.

the proposed technique in actual environments, further
verification is under consideration.
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