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ABSTRACT
In this paper, a new auditory spectrum based speech
feature is proposed using sinusoidal representation and
auditory model. The feature is optimized using the
properties of auditory perception and masking. After
quantizing and encoding the optimized feature
parameters, a new speech-coding algorithm with average
bit-rate of 3.25kbps is developed. The experimental
results show that the synthetic speech retains most of the
intelligibility and clearness of articulation of the original
speech. Compared with the conventional algorithms, no
voiced/unvoiced decision and pitch estimation are
needed, complexity of the algorithm is much reduced,
robustness and adaptation are both raised. The algorithm
makes it possible to be realized with single DSP chip.

1. INTRODUCTION

Linear prediction (LP) model is more or less used in the
conventional speech coding such as multi-pulse linear
predictive coding (MPLPC), code-excited linear
predictive coding (CELPC) and multi-band excitation
(MBE) speech coding [1]. Such kind of speech coding
method has got wider application and some of them have
become the standards [2]. The speech coders based on
LPC are quite sensitive to the variation of speakers and
background noise because the LPC model is a kind of
speech production model. The synthetic speech will
degrade drastically in the both conditions, especially in
the background noise condition. Instead of LPC method,
harmonic representation is used to analyze the voiced
speech [3] or voiced speech can be modeled by the
summation of sinusoidal signal [4]. Another sinusoidal
representation model for speech was proposed by
McAulay et al [5][6]. In their paper, both voiced and
unvoiced speech are modeled using the summation of
sinusoidal signals, but some limitations are set for the
unvoiced speech, i.e. the frequency interval should be
small enough, otherwise there will be much artifacts in
the synthetic speech.
     In the sinusoidal representation model, all the local
peaks in FFT amplitude spectrum of a frame of speech
are picked out and each peak is represented by a
sinusoidal function with different amplitude, frequency
and phase. A frame of speech can be represented by the
summation of all these sinusoidal functions. There are
many advantages for this representation. For instance, no

voiced/unvoiced decision is needed, even pitch
estimation is not needed, the representation is not only
suitable for speech signal, but also applicable for no
speech signal such as music, and it is not so much
sensitive to the variation of speakers as LPC model. It is
proved that this representation can produce much better
synthetic speech in high bit-rate speech coding system.
In order to reduce the bit-rate, Ghizta[7] combined a
simplified auditory model with sinusoidal representation
and got a quite good results in his speech
analysis/synthesis system. His algorithm might be
applied to the middle bit-rate speech coding system.
     Based on the work of both McAulay and Ghizta, we
present a new auditory model consisting of second-order
difference cochlear model (SDCM) and primary auditory
nerve processing model (PANPM), which is used to
extract the auditory spectrum-based feature parameters.
The feature is then optimized using auditory perception
and masking function. After quantizing and encoding
these optimized feature parameters, a new speech-coding
algorithm with average bit-rate of 3.25kbps is developed.
     In this paper, we will first introduce auditory model,
the auditory spectrum-based speech feature and its
extraction method. Then we will present quantization
and coding scheme for these parameters. The
experimental results are finally presented.

2.  AUDITORY MODEL

The auditory model is composed of SDCM and PANPM.
The SDCM has the following form [8]:
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The corresponding transfer function can be obtained in
the following form:
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In Equation (1), us(n) is the stape’s velocity, yk(n) is the
basilar membrane(BM) displacement in position xk,
parameters b1k, b2k, Ak and a0k are all the coefficients
with respect to position xk along the BM[8].
     The SDCM is a mathematical model for the BM
vibration. With this model, characteristic frequency (CF)
can be found for each position on the BM, and it will
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gradually decrease from the base to the apex along the
BM, but the 3dB bandwidth for each position on the BM
will increase. These properties can be viewed in
reference [8]. The SDCM is a kind of overlapped
cochlear filter bank if considered in the view of electrical
property. Its amplitude-frequency characteristic of
transfer function is presented in Figure 1.

Figure 1. Amplitude-frequency characteristic of transfer
function for SDCM

The SDCM inputs the speech and distributes it along the
BM with the low frequency components on the apex and
high frequency components on the base. Each cochlear
filter corresponding to one position of BM analyzes the
speech that is distributed within its range and outputs the
results to the PANPM. The PANPM simulates the
strength effect of each auditory nerve and ensemble
effect of all the auditory nerves, and it selects the most
significant frequency components using some rules
based on the outputs of cochlear filter bank. It has the
following four functions: 1) pick out the maximal value
at the output of each cochlear filter for a frame of speech
in the frequency domain and take down the
corresponding frequency as dominant frequency. 2)
After picking out all the maximal values for all cochlear
filters and taking down all the corresponding dominant
frequencies, count the number for each dominant
frequency from low frequency domain to high frequency
domain. Because one cochlear filter only outputs one
dominant frequency, the number of each dominant
frequency is in fact the number of cochlear filters which
output this dominant frequency, that is to say, all these
cochlear filters output the maximal value in the same
frequency. 3) Each dominant frequency whose number is
larger than or equal to the threshold M will be selected to
be one of the initial auditory spectrum components. 4)
According to the auditory perception and masking
properties, the initial auditory spectrum will be
optimized and those components that have smaller
amplitudes and smaller frequency intervals will be
removed, and finally a formal auditory spectrum is
obtained.

     Auditory spectrum only shows the positions of those
frequency components that are considered to be most
significant to human ear. The real amplitudes and phases
in these frequency positions are not yet known. The
amplitude and phase parameters can be found in so
called auditory spectrum-based speech feature that will
be described below.

3. SPEECH FEATURE AND ITS
QUANTIZATION

In order to extract speech feature, those frequency
components in speech FFT spectrum which are equal to
those in auditory spectrum are selected, and their
corresponding amplitudes and phases in FFT spectrum
are also selected. So the auditory spectrum-based speech
feature includes three kinds of parameters, i.e.
frequencies, amplitudes and phases. Before quantizing
these parameters, the number of auditory spectrum lines
is to be limited in order to meet the requirements in both
bit-rate and quality of synthetic speech. The maximal
number of auditory spectrum lines is set to be no larger
than 8, so there will be at most 24 parameters for a frame
of speech. Experiments show that there are
approximately 5 auditory spectrum lines at average for a
frame of speech, so there will be at average 15
parameters for a frame of speech.
     Limitation of auditory spectrum lines is only made
for those speech frames that have more than 8 auditory
spectrum lines. Those spectrum lines that have smaller
amplitudes in FFT spectrum are removed in order to
maintain the maximal value of 8.
     According to the properties of auditory model, there
will be more auditory spectrum lines for those speech
frames in the range with high energy, and less auditory
spectrum lines for those frames in the range with low
energy. So the number of auditory spectrum lines for
each speech frame is different, but it is no bigger than 8
for all frames as there is a limitation. For this reason, it is
obviously not suitable to take all the parameters in one
speech frame as one vector, because there will be
different dimensions for different vector, which is very
difficult to deal with. In addition, three parameters, i.e.
frequency, amplitude and phase have different statistical
properties. Frequency and amplitude have Gaussian
distribution, but phase doesn’t have. So frequency and
amplitude for each spectrum line are constructed to be a
two-dimensional vector, and will be quantized using
vector quantization (VQ). Phase will be quantized using
scalar quantization(SQ). In order to reduce the dynamic
range, amplitudes are used in its logarithm form.
Experiments show that it is good enough to use the code
book size of 256 for VQ, i.e. 8 bits are used for VQ.
Another 2 bits are used to correct the frequency whose
bias will drastically affect the synthetic speech quality. 3
bits are used to quantize the phase because it only
changes within the area [-π, π]. Table 1 shows the
coding scheme for one spectrum line in a speech frame.
Figure 2 shows the principles of speech feature
extraction and parameter coding, and Figure 3 shows the
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principles of the parameter decoding and speech
synthesis.

Table 1. Coding scheme for one spectrum line in a frame
of speech

Parameter type Bits

Frequency & amplitude vector 8

Frequency correction 2

Phase 3

Total bits 13
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Figure 2. Principles of speech feature extraction and
parameter coding

4.   EXPERIMENTAL RESULTS

In Figure 2, speech is sampled using 8kHz sampling
frequency and pre-emphasized using a first-order
difference equation with coefficient 0.95 and windowed
using Hamming window. Frame length is set to be 30ms
with 10ms overlapping period, so the speech is analyzed
with speed of 50Hz. 256 point FFT and 50 cochlear
filters are used to analyze speech. According to the
coding scheme in Table 1,   the maximal coding   bit-rate
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    phase
    code

     synthetic
       speech

Figure 3. Principles of parameter decoding and speech
synthesis

will be 5.2kbps if  the  number  of    auditory spectrum
lines is set to be 8 at its maximal value , and if there are
5 spectrum lines at average for each frame of speech, the
bit-rate will be 3.25kbps at average.
     In Figure 3, each sine wave is produced using
frequency and phase parameters and weighted by
amplitude, and then summed to produce a frame of
synthetic speech. The synthetic speech is produced by
overlapping and adding each frame of speech, and then
de-emphasized before output. Figure 4 shows a frame of
original clean speech and Figure 5 shows its
corresponding synthetic speech. Figure 6 shows a frame
of noisy speech corresponding to Figure 4 with
SNR=15dB, and Figure 7 shows the synthetic speech
corresponding to Figure 6.
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Figure 4. Spectrum of a frame of original clean speech
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Figure 5. Spectrum of a frame of synthetic clean speech
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Figure 6. Spectrum of a frame of original noisy speech
with SNR=15dB
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Figure 7. Spectrum of a frame of synthetic noisy speech
corresponding to Figure 6

Comparing Figure 5 with Figure 7, it seems that there is
no much difference. Experimental results show that the
synthetic speech retains most of the intelligibility and
clearness of the articulation of the original speech,
except with some artifact which is produced by
synthesizing unvoiced speech. The speakers can be
easily identified from the synthetic speech, the quality of
which is found to be better than that of LPC coding with
same bit-rate and close to that of MBE 4.8kbps speech
coder.

5. CONCLUSIONS

In this paper, an auditory spectrum-based speech feature
is proposed and the corresponding algorithm for feature
extraction is developed. After optimized with properties
of auditory perception and auditory masking, the speech
feature is quantized and a new speech-coding algorithm
with average bit-rate of 3.25kbps is developed. After
synthesized with “overlap and add” method, the
synthetic speech is quite intelligible and clear. Its quality
is found to be better than that of LPC coder with the
same bit-rate and close to that of MBE 4.8kbps coder.
Compared with the conventional algorithm, the new
algorithm reduces its complexity because there is no
need to make voiced/unvoiced decision and pitch
estimation when analyzing speech. It is also not so much
sensitive to the background noise and speaker variation
as the conventional algorithms. The synthetic speech is
almost unchanged with SNR=15dB. It seems that the
new algorithm has more strong robustness and
adaptation than the conventional ones.
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