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Abstract - This paper describes a quality
enhancement system for band limited speech signals.
In speech transmission, the quality of the received
speech signals is degraded by severe band limitation.
We have proposed a spectrum widening method that
utilizes aliasing effects in sampling rate conversion and
digital filtering for spectrum shaping. In this paper, a
new method is proposed that offers improved
performance in terms of the spectrum distortion
characteristics. Implementation procedures are

clarified, and its performance is discussed. The

proposed method can effectively enhance speech
quality.

1. Introduction

Quality enhancement techniques for speech and
audio signals are being widely studied, for example,
telephone band signals have been converted to wide band
signals [2],- [5]. In the United States, “True Voice” is a
new telephone service [1]. This system aims to enhance
the conventional speech quality experienced in regular
telephone communication by equalizing the transmitted
signals from 100 to 300 Hz using a digital filter.

According to ITU-TS (old CCITT)
recommendation G.722, ISDN offers a wideband speech
signal with a frequency band from 0.05 to 7 kHz [6].
However, ISDN customers can not obtain high quality
speech when they call a conventional telephone (0.3 to
3.4 kHz frequency band) user. This is one reason why
quality enhancement is necessary. Furthermore, if the
quality of the conventional telephone speech is enhanced
even for the usual telephone connection, the
effectiveness of conventional telephone communication
services will be improved.

There are many approaches to enhance speech
quality [2] - [5]. We have proposed a very simple method
of improving the sound quality of band limited
(telephone) speech signals [5]. It is a spectrum widening
method that utilizes aliasing effects in sampling rate
conversion and digital filtering for spectrum shaping.
This conventional method is based on the idea of using
spectrum folding (aliasing) and the idea that the existence
of a higher band signal, even if it is a noisy signal, can
improve speech quality.

In this paper a new revised method is proposed
to reduce the spectral distortion of the conventional
techniques [5]. A practical implementation method is
described.
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Fig. 1. Block diagram of band limited signal
enhancement using spectrum broadening and

shaping

2. Implementation
2.1 Conventional method

A block diagram of the conventional system is
shown in Fig.1. The input regular telephone band signal
with 8 kHz sampling is expanded by an interpolator with
16 kHz sampling. The outband signal (including aliasing
signal from 4 to 7 kHz frequency bands) is generated
from the input regular telephone band signal. The signal
waveform is filtered by filter bank, a low pass and high
pass filter, LPF and HPF. The low pass filtered signal is
the original received signal. The high pass filtered signal
is shaped by a shaping filter to yield a spectrum envelope
that resembles that of the original speech. The high pass
filtered signal and low pass filtered signal are summed
after level adjustment. This method is a very simple way
of generating a widened signal.

The filters utilized are linear phase FIR filters.
The delay adjuster matches the phases of the higher band
signal path and the lower band signal path.

For level adjustment, it is important to know the
difference between both signals. Here, let us define the
level difference as AL. The level difference AL is defined
as follows,

AL=1Ly-Lp 1)
where Ly and L is the level reference of the upper and
lower band, respectively. The optimum level difference
is given by subjective assessments.

The conventional method has the following
advantages. The circuit configuration is a quite simple.
This leads small insertion delay which is very important
for real time speech communication use because it
obviates the need for additional echo cancellers.
Furthermore, the conventional method is intuitively
robust against noises and kinds of signal sources, i.e.
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noisy speech, mixed speech, music source etc.

2.2 Proposed method

A block diagram of the proposed system is
shown in Fig.2. The sampling rate of the input regular
telephone band signal with 8 kHz sampling is converted
to 7 kHz with 8-to-7 conversion, following up sampling
by 2. The signal is then expanded by an interpolator
with 14 kHz sampling. After that, similar processing
operations are performed in the subbands as described
in 2.1. Namely, the signal waveform is filtered by a
filter bank, a low pass and high pass filter. The high
pass filtered signal and low pass filtered signal are
summed after level adjustment. Finally, the summed
signal is converted to 16 kHz with 7-to-8 conversion.
This method is a very simple way of generating a
widened signal.

The frequency responses of the shaping filter and
the LPF are shown in Fig.3. Table I shows the filters'
specification.
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Fig. 2. Block diagram of band limited signal
enhancement using spectrum broadening and
shaping with multirate processing

3. Performance Evaluation

Now let us compare the performances of the
conventional and proposed schemes. At first, original
speech signal with 16 kHz sampling before sending is
shown in Fig.5. To confirm the behavior of the
proposed scheme, we used spectrum analysis.
Waveforms of 30 milliseconds period (b) are truncated
from the original signal (a), and spectrum analyzed to
using a Hamming window. The spectrum and its
spectrum envelope are shown in Fig.5(c). The received
waveforms of transmitted speech are restricted their
band width as shown in Fig.6.

3.1 Output Spectrum of Conventional Scheme
The results of spectrum analysis of the output
speech signal of conventional scheme are shown in
Fig.7. The analysis contents are the same as mentioned
above; the level difference AL is -6 dB. The output
spectrum has a spectrum gap around the folding
frequency -4 kHz. The spectrum envelope of the output
speech waveform is very similar to regular wideband
speech signals excluding a part of the band gap.
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Fig. 3. Frequency Response of the Filters,

Table I Filters' Specification.

Filter Name Shaping] LPF | unit

Fil.
Cut-off Freq. 27 | 32 | kHz
Stopband Edge 7 35 | kHz

Stopband Atten. 60 50 | dB
Passband ripple 1 13 dB
Number of Taps 13 139

3.2 Output Spectrum of Proposed Scheme

The results of spectrum analysis of the output
speech signal of proposed scheme are shown in Fig. 8.
The level difference AL is also -6 dB. The spectrum gap
around the folding frequency of 4 kHz is much smaller
comparedto that of the conventional system. The
spectrum envelope of the output speech waveform is
very similar to regular wideband speech signals. The
similarity should be evaluated by subjective assessments.
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Fig. 4. Spectrum and spectrum envelope of original
speech signal with 16 kHz sampling
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Fig. 5. Spectrum and spectrum envelope of band limited
speech signal with 16 kHz sampling
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Fig. 6. Spectrum and spectrum envelope of broadened
speech signal with 16 kHz sampling by
conventional method
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Fig. 7. Spectrum and spectrum envelope of broadened
speech signal with 16 kHz sampling by the
proposed multirate processing method

3.3 Subjective Evaluation

The proposed method was evaluated with a
comparison test. Speech samples were short sentences,
read by Japanese. We chose the level difference as a
parameter, and the band limited (only lower band) signal
was also presented. The number of conditions was 6,
so the total combination was 30 (5x6). No circuit noise
was added to data samples.

The subjects indicated which was preferred. Test
results are shown in Fig. 8 for male and female speech
samples. The results indicate that the proposed method
can enhance the speech quality compared to
conventional telephone speech. For best results AL
should be from 0 to -18 dB. Furthermore, overall
characteristics, combined male and female samples also
indicate similar results as well.

The proposed quality enhancement method is
very simple, and the reproduced signals have a very
small band gap between original low band and additional
high band signals. Although detail results will be
reported later, initial subjective evaluations of the
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proposed method confirmed its good performance. It is
expected that the characteristics of the proposed method
are better than those of other parametric methods, which
are tuned into speech properties, because the proposed
method does not depend intuitively on speech properties.

Pair comparison test results for male speech
interferenced by female speech is shown in Fig. 9.1t is
shown that the proposed scheme has a robust
characteristics for interference signals.
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Fig. 8. Pair comparison test results for AL.
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Fig. 9. Pair comparison test results for male speech
interferenced by female speech

4. Discussion

The proposed quality enhancement method is very
simple, and the reproduced signals have a very small band
gap between original low band and additional high band
signals. Although detail results will be reported in another
occasion, subjective evaluations of the proposed method
confirmed its good performance. It is expected that the
characteristics of the proposed method are better than

EUROSPEECH ’95, Madrid, Spain, September 1995

those of other parametric methods, which are tuned into
speech properties, because the proposed method does not
depend intuitively on speech properties. This is also
because the proposed method is based on one
characteristic of the human auditory system in the
frequency domain. Qualitative evaluation of those factors
is a future problem.

In usual telephone communication, regenerating
the very low band signal under 300 Hz is not really
necessary for enhancing telephone speech quality, because
the structural configuration of the telephone handset does
not support such frequencies. To compare the relative
speech quality of the proposed method against speech
codec quality is a further task. Nevertheless, it was shown
that the proposed simple enhancement method is very
attractive for practical use.

5. Conclusion

A quite simple method for speech quality
enhancement by adding spectrum in the higher band using
aliasing at sampling on conventional telephone
connections and other services was proposed. The
proposed method utilizes a human auditory characteristic
in the frequency domain. This method has a lot of
advantages for practical telephone communication.
Implementation and performance were presented. It was
shown that the proposed method has good performance.

Acknowlegments 4

The author wishes to thank Dr. T. Miki, Mr. I.
Yamashita and Mr. K. Yoshida of NTT Optical Network
Systems Labs. for their advice and encouragement.

References

[11J. J. Keller, “ATT will use patented technology to
improve the sound quality of calls”, The Wall
Street Journal 14 July 1993.

[2] D. O. Bowker, et al, “Telephone network speech
enhancement”, US Patent No. 5195132, Dec.
1990.

[31 Y. M. Chen, et al, “Statistical recovery of wideband
speech from narrowband speech”, the Proc. of
International Conference on Spoken Language
Processing, ICSLP’92, pp. 1577-1580, 1992.

[4] Y. Yoshida and M. Abe., “An algorithm to
reconstruct wideband speech from narrowband
speech based on codebook mapping”, the Proc.
of 1994 International Conference on Spoken
Language Processing, ICSLP’94, 27.3,pp. 1591-
1594, Sept. 1994,

[5]1 H. Yasukawa, “Quality Enhancement of Band
Limited Speech by Filtering and Multirate
Techniques”, the Proc. of 1994 International
Conference on Spoken Language Processing,
ICSLP’94, 27.7, pp. 1607-1610, Yokohama,
Sept. 1994.

[6] CCITT recommendation G.722, Blue Book, Vol. II,

Fascicle II1.4, Geneva 1989.

1548



