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ABSTRACT The outline of this paper is as follows. First,
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This study describes a low bit-rate speech
coding algorithm which can be applied to half-rate
digital cellular and storage systems. The coding
algorithm employs the temporal integration effect of
the human ear that perceives short time signals as
occurring concurrently. Using the result of listening
tests, the length of the analysis frame and the
types of excitation signals were chosen to enhance
the integration effect.
verified that the proposed method at the rate of
4kbit/s yields better subjective quality than the
4.8kbit/s DoD-CELP(Department of Defence-CELP).

1. INTRODUCTION

Recently, significant advances in low-rate speech
coding have been achieved as a result of the new
requirements defined for half-rate digital systems
[1-3]. Efforts to obtain reasonably good speech
quality at the rate of about 4kbit/s include, multi-
mode techniques[1], pitch synchronous innovation
[2], etc. As further efforts have shown, the
utilization of the psychoacoustic properties of the
human ear becomes inevitable in order to improve
the perceptual quality of the speech coder[3].
Traditionally, auditory masking in speech coders
has been accomplished by shaping the error signal
spectrum such that large noise levels are allowed
at formant regions compared with valleysi4].
Another modified approach such as PERCELP
(PERceptual  enhancement CELP){3] introduces
selective distortion which is analyzed by the
perceptual content of each component in the
spectrum,

However, no effort has yet been made to apply
the temporal psychoacoustic model to the low
bit-rate speech coder. Since such factors as the
role of the critical bandwidth, signal levels, spectral
characteristics and signal durations are related
compoundly, little is known about how listeners
integrate the signals over timel5][6]. By simplifying
the simulation environment and confining the
effects only to coding purposes, it is possible to
establish a new speech coder employing this
feature.
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Informal listening tests -

the structured multi-pulse excitation which is the
best model for the voiced region is proposed. In
section 3, the characteristics of the temporal
perceptual property are examined by
experimentation and an efficient excitation model is
chosen to reflect the temporal perceptual
characteristics. The performance of the proposed
coder, operating at 4kbit/s, was evaluated both by
an objective measure and by an informal listening
test. The results can be found in section 4.

2. STRUCTURED MULTI-PULSE EXCITATION

The quality of the CELP-based coders degrades
considerably at bit rates below 4.8 kbit/s, mainly
because of the inappropriate degree of periodicity
[11[2]. Therefore, the method that finds the optimal
pulse directly like the MPE(Multi-Pulse Excitation)
coder[7] is considered better than that wusing a
codebook search. To lower the transmission rate
and reduce the computational load, the structured
multi-pulse method explained in Fig.l is proposed.

. subframe N
+1 a(2)
l a(1)
€« > ——— —>
s D(1) D(2)

Fig. 1. Structured multi-pulse model

The amplitude of the first pulse is ‘1’, and it
can be placed in any point of the subframe. It only
acts as a reference point for the complete
excitation signal. The amplitudes of following
pulses, a(n) are quantized with the level of
+27" and the positions, D(n) are set on the
interval from the previous pulse. The quantization
levels are placed so that the filtering process can
be computed without multiplication, which can
easily be applied to a real-time system.

As the number of pulses and the quantization
levels are relevant to transmission rate and
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computing time, it is determined by a trade—off.
Considering the average pitch interval duration, the
number of main pitch components in a subframe
should not exceed three. It is experimentally
verified that two pulses are sufficient to produce
reasonably good quality[8]. In the case of using
two pulses, it is possible to represent the excitation
signal more simply and to apply a fast search
algorithm. The search area and the quantization
levels of the second pulse are very important in
determining the transmission rate. To determine the
parameter we performed experiments on the quality
of the synthesized speech varying the search area
and quantization level. )

Increasing the search area for the second pulse
over 24 does not improve performance for the case
of male speakers according to simulation results{8].
However, for the case of female speakers, the
quality is enhanced continuously as the lag
increases. Therefore, five bits were allocated to
the pulse interval and the search area is fixed
somewhere ~ between 5 and 36 to minimize
degradation. The gquantization level of the second
pulse was found to have very little effect on the
performance, and two bits are sufficient to specify
the type of the pulses[8].

3. A FIXED-MODE SPEECH CODER

Speech is considered to be a continuum of
bandlimited frequency components. However, not
many efforts are being made to examine how the
speech signal is integrated in the temporal domain.
We propose a new algorithm making use of the
temporal integration effect[5][6] which indicates that
humans perceive the acoustic events by integrating
over a short period of time.

Since the structure of human ears is complex
and differs from person to person, it is difficult to
represent all temporal effects. As a result, studies
which use temporal effects of the speech signal
have yet been inconclusive. If the experiment is
confined to speech coding, and the numerous
parameters are determined only for the speech
coder, it is possible to draw a satisfactory result.
After composing a proper experimental model, the
result is verified by experiments.

3.1. TEMPORAL INTEGRATION EFFECT

Should all temporal effects be reflected, the
experimental environment would become complex,
and developing a correct model would be difficult.
Since the main parameter affecting speech quality
is the excitation signal, we will confine the
experiment only to modelling the excitation signal.

Considering these effects, we set an experimental
model as follows.
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Experimental Model

1) Take an excitation signal from linear prediction
within a segment.

2} After dividing the frame into a few blocks, we
apply different types of excitation signals
alternately.

3) Changing the block size and the method of
generating the excitation signal, we determine
the best model

integration effect.

suitable for the temporal

3.2. An experiment to obtain optimal length of the
subframe

Fig. 2 shows the block diagram of the
experiment to obtain the optimal length of the
frame.

N1 N2 [ N1 N2 [ N1 TN

time
Fig. 2. The block diagram of the experiment

N1 is composed of the original signal and N2 is
the noise-added signal. Among noises of various
characteristics that can be applied to the effect,
weighted noise which reflects the noise shaping
effect is considered superior in hybrid coding.
Considering the fact that the number of bits
allocated to the excitation signals determines the
sound quality, we simplify the experiment by
changing the excitation signal.

MOS(Mean Opinion Score) tests are used to
evaluate the effect caused by changing the size of
N1 and N2, and the number of bits allocated to the
excitation component. Fig. 3 shows the result of
the informal listening test.

[+-4bit +-5bit +~6bit_£7bit X8bit -9bit & 10bit S 11bit]
5

32 64 96 128 192 256 512 1024
Length of N1, N2

Fig. 3. MOS results varying the frame length

The x-axis shows the size of N1 and N2, and
the y-axis represents the MOS results taken with
different numbers of bits allocated. In general, if
the value of the MOS result is higher than 3.5, it
is difficult to clearly notice the difference. If the
number of bits allocated to the block N2 is over 7
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bits, and the frame length is over 128, we cannot
notice the difference from the original signal as
determined in Fig. 3.

It is almost impossible to represent the whole
effect within this experiment since it was carried
out with a small amount of test data and using
simple measures. However, the result of the
experiment can be applied to generate a new
approach in speech coding. If the length of frame
N1 is longer than 128 with its quality being similar
to that of the original and a small number of bits
are allocated to frame N2, this setup may yield
good results. However, it is hard to maintain the
half-rate because many bits are necessary for NI.
Accordingly, it is more effective to apply the
method of adjusting the characteristic of
parameters than the method proposed previously.

3.3. EXCITATION MODEL

The structured multi-pulse method described in
section ZI and a white gaussian codebook similar
to those used in a CELP coder are combined to
evaluate the temporal effects as shown in Table 1.
The structured multi-pulse model reflects the
characteristics of the voiced regions and the white
gaussian codebook does so for the unvoiced
regions. The structured multi-pulse method which
finds the optimal code with a direct search shows
good performance, but requires a rather high
bit-rate. The codebook search method can lower
the bit-rate, but it has problems in computation
and performance. The experimental process is
similar to the previous one in that excitation
signals are alternately used at each subframe. The
length of N1 and N2 is fixed at 128, which is
selected according to the results of Fig. 3 to
reduce the coding delay.

Table 1. Combined excitation signal

Ni N2
(2) SMP SMP
(b) WG WG
(c) SMP WG

SMP : Structured Multi-Pulse
WG : White Gaussian

Fig. 4 shows the MOS results for different
combinations of excitations as the transmission rate
varies.

The structured multi-pulse method yields good
results above 4.4kbit/s, but it degrades considerably
below the rate. It is because in the multi-pulse
method. At least 13 bits must be allocated to
represent the excitation signal correctly. The
codebook search method shows inferior performance
compared with the multi-pulse method at rates
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above 4.4kbit/s, but shows better results when the
bit rate is lowered. Comparing the results of (a)
and (b), method (c), which combines the
multi-pulse and gaussian codebook excitation
signals shows better performance at and below
4kbit/s.

3.2 34 3.8 4 42 4.6 48
(@) Bit Rate (kbit/sec)

32 34 3.8 4 42 4.6 48
(b) Bit Rate (kbit/sec)
5
4 -
1)
O3 . -
8 ‘//‘__A/‘/‘/‘
2
1
3.2 34 38 4 42 46 48
(c) Bit Rate (kbit/sec)

Fig. 4. MOS results varying the transmission rate
(a) SMP-SMP (b) WG-WG
(c) SMP-WG

The results are related to the excitation
generation model of speech signals in that white
gaussian and impulse train signals are used
according to the voicing characteristics of the
segment. The only difference is that two types of
excitation signals are alternately applied to each
subframe without finding the voicing characteristics
of the segment. The block diagram of the
propcsed method called the fixed-mode speech
coder is shown in Fig b.

4. EXPERIMENT AND RESULT

The parameters for transmission are the linear
predictive coefficients, long term delay, and the
residual information which is either a multi-pulse
or Gaussian noise codebook index. Table 2 shows
the bit-allocation scheme for 4 kbit/s transmission
rate.

For performance evaluation, objective and
subjective measures are used. Segmental signal to
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Fig. 5. The block diagram of the proposed coder

Table 2. Bit-allocation scheme

bit/8ms bit/16ms |bit/32ms
parameter subframe subframe

1,2 34 |.12 34
LPC coef.

(LSP) 30
LTP delay 7 7 14 14 28
LTP gain 3 3 6 6 12

S5=6
smewst | os || ||
e a=2
stochastic
codebook 10 20. 20

gain 3 3 6 6 12

Total 128

(kbps) 5211 ibps)

noise ratio (SegSNR) is used as the objective
measure for evaluation. Informal listening tests for
subjective evaluation were carried” out by MOS
tests. These tests were conducted with 8
sentences. ¥The expen’inental data were collected
by a 16 bit A/D converter with an 8kHz sampling
frequency in a quiet environment. As a reference,
the standard coder DoD-CELP(Department of
Defense CELP)[9] is given.

The results of these tests are listed in Table 3
and 4. The proposed method shows an increase of
1~2 dB in objective quality and an increase of 0.1
~0.3 points in subjective quality.

Table 3. Objective measure(SegSNR)

male~1 male-2 | female-1 | female-2
S5-115-2/S-1]85-2}5-1[S-215-1]5-2

DoD-
CELP

proposed }11.7119.94|10.79/10.07y12.33/11.83|13.53{13.08

9.36 {9.58] 9.08 | 8.64 |10.31| 9.88 110.77(10.59

Table 4. MOS Scores

male “female average
DoD-CELP 3.24 3.12 3.18
proposed 3.35 3.25 - 3.30
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5. CONCLUSIONS

In this study, a new speech coding algorithm
which can be applied to a low bit rate system at
or below 4kbit/s is introduced. Based on the fact
that the human ear perceives sound by integrating
within a short time segment, two different types of
excitation signals such as the structured multi-
pulse signals and white gaussian codebook signals
were used alternately. Compared with past studies,
the synthesized speech is found to have a more
natural quality because two eXcitation signals are
effectively combined in the temporal domain. The
proposed method has also contributed in
maintaining a fixed transmission rate, and does not
need the dummy computation in the mode decision
as in the case of the multi-mode method.

REFERENCES

{11 K. Ozawa, M. serizawa, T. Miyano and T.
Nomura, "M-LCELP Speech Coding at 4kbps,”
Proc. Int. Conf "Acoust, Speech, Signal
Processing, pp.269-272, May 1994,

[2] S. Miki et al, "A Pitch Synchrounous
Innovation CELP(PSI-CELP) Coder for 2-4
kbit/s,” Proc. Int Conf Acoust, Speech,
Signal Processing, pp.113-116, May 1994.

(31 D. Sen and W. H. Holmes, "Perceptual
Enhancement of CELP Speech Coder” Proc.
Int. Conf. Acoust., Speech, Signal Processing,
pp.105-108, May 1994.

[4] P. Kroon; E. F. Deprettere, "A Class of
Analisis-by-Synthesis Predictive Coders for
High Quality Speech Coding at Rates between
4.8 And 16 Kbit/s,” IEEE Journal on Selected
Areas in Communications, Vol. 6, no. 2, pp.
353-363, Feb. 1988.

[5] E. Zwicker, Psychoacoustics. Springer-Verlag,
New York, 1982

[6] C. Formby, M. G. Heinz, C. E. Luna and M. K.
Shaheen, "Masked Detection Thresholds and
Temporal Integration for Noise Band Signals”
Journal of Acoustical Society of America 96(1),
Jul. 1994.

[7] B. S. Atal, J. R. Remde, "A New Model of LPC
Excitation for Producing Natural Sounding
Speech at Low Bit Rates,” Proc. Int. Conf
Acoust.,, Speech, Signal Processing, pp.
614-617, 1932.

[81 H. G. Kang, “A Fixed-mode Speech Coder
using the Perceptual Properties of Human
Ear”, Ph. D Dessertation of Yonsel Univ.
Korea, Aug. 1995.

[9] J. P. Campbell, T. A. Tremain, V. C. Welch,
"DoD 4.8Kbps Standard (Proposed Federal
Standard 1016),” Advances in Speech Coding,
Kluwer Academic Publisher, 1991.

714



