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ABSTRACT

This paper investigates the effects of two
important speech quality factors, intelligibility and
loudness, on the speech quality in a wireless
personal telecommunication system (referred to as
PHS: the personal handy-phone system). First,
using a reference system for simulating near worst-
case quality conditions in the PHS, the effects of
fading frequency and electric field intensity on the
speech intelligibility are measured. Next, an
apparatus for measuring loudness characteristics
of PHS terminals is developed and using this
apparatus the effects of ambient noise and the
distance between a speaker’s mouth and the
transmitter on optimal loudness are measured and
a method is presented for determining the optimal
loudness rating (LR) in the PHS terminals.

1. INTRODUCTION

Wireless personal communication systems are
expected to become more and more important in
the future, and the development of speech quality
assessment methods for these systems is essential
if we are to offer economical services of good
quality. This paper investigates two important
factors of speech quality, intelligibility and
loudness, on the speech quality in a wireless
personal telecommunication system referred to as
PHS: the personal handy-phone system in Japan.

PHS is a new digital mobile communication
service system that uses TDMA-TDD multiplexing
and the 1.9-GHz radio band. It uses a 32-kb/s
ADPCM coding scheme to improve audio quality
and scrambles messages to ensure security, and its
portable terminals can be used in both public
places and in the home.

2. INTELLIGIBILITY

2.1 Intelligibility evaluation in wireless
speech communication system

In wireless speech communication systems,
overall speech quality (expressed in terms of MOS:
Mean Opinion Score) often degrades, due to bit
errors and ambient noise, to below the standard
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level set for conventional wired systems. Results of
MOS estimation for several connection models in
PHS obtained using a MOS-estimation program (a
new version updated by adding functions
applicable to wireless systems to the previous
version[1}) indicated that the MOS sometimes fell
below 1.5 (on a scale from Ofbad] to 4[excellent])
which was the lower limit in the Japanese
telephone service quality standard. However, users
may be willing to accept a certain amount of
quality degradation in return for the convenience
of wireless systems. Nonetheless, a minimum
standard for speech communication should be met,
so speech intelligibility is a matter of concern.

2.2 A reference system for measurement

A reference system was introduced as shown in
Fig. 1 for simulating near worst-case quality
conditions in the PHS. Conditions other than those
in the wireless section in Fig. 1 are set according to
those specified in the conventional Japanese
telephone quality standard. In Fig. 1, a 32-kb/s
G.726 ADPCM codec[2] is used between PS and CS
and a G.711 PCM codec{3] is used between CS and
TC. The subscriber line between EO and the 800-
type telephone-set, the standard telephone-set
used for quality evaluation in Japan, is 0.4 mm in
diameter and has a loss of 7 dB.

The ambient noise level on the PHS terminal
side is set at 65 dBA, considering the highest value
in a residential district in the Japanese
environmental noise standard.

The Overall Loudness Ratings (OLR) in Fig. 1 are
15.1 dB in the direction from PS to the 800-type
telephone-set and 15.8 dB in the reverse direction.
These OLRs consist of SLR (Sending LR) and RLR
(Receiving LR) in terminals, JLR (Junction LR),
attenuation distortion in the analog circuits, and
deviations in LR.

2.3 Experiment

Based on the connection model in Fig. 1, we
measured the relationship between intelligibility
and the parameters of wireless systems.
Intelligibility was expressed in terms of “sound
articulation score” measured using 100 Japanese
consonant-vowel (CV) syllables. Test samples were
prepared by combining computer simulation and
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Fig. 1 Diagram of PHS connection.
simulation hardware such as a fading simulator (a) Direction from PHS terminal

and noise generators. The speech materials were
uttered by four female experts trained for
intelligibility evaluation and listened to by four
different female experts.

Figure 2 shows the sound articulation scores of
32-kb/s ADPCM-coded speech signals measured in
several fading frequency and CNR (carrier to noise
ratio) conditions corresponding to actual
situations. The values of 4, 15, and 30 Hz in fading
frequency are expected to correspond to the
average value when stationary, the average value,
and the value for 90% cumulative probability in
walking at a normal speed, respectively. The values
of 20 and 30 dB in CNR are estimated to
correspond to distances of 490 and 270 m
between CS and PS.

The scores in Fig. 2 are expressed as values
normalized in terms of the worst score. Even this
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80%. There is no significant difference among any
of the scores in Figs. 2(a) or (b), and we can
conclude that the intelligibility performance of the
PHS is sufficient, although MOS characteristics are
not necessarily satisfactory in relatively high
ambient noise and transmission bit error
conditions.

3. LOUDNESS

3.1 Loudness evaluation in wireless speech
communication systems

Normalized sound articulation [%]

Loudness characteristics are important for the
acoustical design of speech terminals. PHS-terminal
usage has some distinctive factors - the terminals
are very often used in noisy outdoor environments
and, due to the variety of terminal shapes, the
distances and directions from the mouth to the
transmitter differ from those of ordinary telephone
hand-sets. Consequently, the effects of these
factors on the loudness characteristics of PHS
terminals also need to be investigated.
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Fig.2 Relationship between intelligibility
and wireless system parameters.
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Fig. 3 Block diagram of apparatus for measuring loudness of terminals.

(@) PHS terminal side 3.2 Apparatus for loudness measurement
3.0 We developed an apparatus for measuring
O STMR=30dB loudness characteristics. The block diagram of the
® STMR=15dB apparatus is illustrated in Fig. 3. New features of
25r| O STMR= 3dB the apparatus include an interface for PHS systems,
& 30 enhanced calculation speed, and enhanced
= 65 6.0 60 50 measurement procedures simplified by using a
E 20t 50 8 0 o graphical user interface, unlike the old version[4]
% 0 55 used for measuring ordinary analog and digital
= Ambient noise level telephone sets.
15} 60 (dBA)
6DS g 3.3 Experiment
1.0 . : AT The relationship between MOS and OLR
0 5 10 15 measured using the apparatus was obtained while
OLR in the maximum MOS (dB) varying parameters such as ambient noise level
(50, 60, and 65 dBA), distance between the mouth
(b) Ordinary telephone-set side and the transmitter (1, 2.5, and 5 cm) and side-
30 tone level (3, 15, and 30 dB STMR). STMR stands
' for Side-Tone Masking Rating and is a commonly
O STMR=3CdB 55 0 used measure for side-tone evaluation. The larger
® STMR=15dB tlo 60 the STMR is, the less audible the side-tone is.
231 O STMR= 3dB 0 ®60 g5
é 65 0 Déo L 3.3.1 Effect of ambient noise
0 65
é 20r Ambi . Figure 4 shows the relationship between the
mbient noise level
E (dBA) maximum MOSs and OLRs at the maximum MOSs
= when the ambient noise level varies. It shows that
L5 when the ambient noise level is 65 dBA and the

distance between the mouth and the transmitter is
5 c¢m, which is worst case expected in PHS, the

1.0 PO ’5 et 5 : s STMR of 15 dB is still optimal as is in the case of a
) ) normal telephone-set. Moreover, for STMR of 15
OLR in the maximum MOS (dB) dB, the OLR at the maximum MOS becomes smaller

on the PHS terminal side and larger on the

ordinary telephone-set side as the ambient noise
(distance between mouth and transmitter: 5 cm). level increases.

Fig. 4 Effect of ambient noise
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3.3.2 Effect of distance between mouth
and transmitter

Figure 5 shows the relationship between the
maximum MOSs and OLRs at the maximum MOSs
when the distance between the speaker’s mouth
and the transmitter varies (ambient noise level:
60 dBA). In the experiment, the distance variation
was simulated by controlling the equivalent SNR
in the input speech signal to the transmitter.
Figure 5 shows that the effect of a distance of 5
c¢m on the speech quality is larger on the
ordinary telephone-set side than on the PHS
terminal side.

3.4 Optimal LR determination in terminals

From the results in the experiments described
in Sec. 3.3, we concluded that the OLR at the
maximum MOS varies depending on the ambient
noise level, so this should be taken into
consideration in the LR design for PHS terminals.
The optimal SLR or RLR in PHS terminals is
derived by subtracting the transmission loss and
the RLR or SLR of the telephone-set at the other
side from the OLRs that give the maximum MQOS
within the range where the quality standard in
the worst condition is satisfied. Figure 6 shows an
example of calculating the optimal RLRs and SLRs
for different conditions of ambient noise level
and the telephone-set at the other side.

4. CONCLUSION

Quality assessment methods have been
developed and quality assessment characteristics
have been measured in PHS, considering the
distinctive features of wireless personal
communications. The results described in this
paper were used for the transmission-quality
planning and acoustical design of terminals in
PHS.
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