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ABSTRACT

In speech coding it is important to focus the coding ef-
fort on the perceptually important features of the speech
signal. This paper describes new quantization techniques
which take advantage of current knowledge of human per-
ception in speech coders. The new procedures exploit the
frequency-dependent frequency resolution of the human au-
ditory system. The methods are applied to the waveform in-
terpolation (WI) coder, and their effectiveness is confirmed
with experimental results. The principles described in the
paper are not restricted to the WI coder, but are also ap-
plicable to many other speech coding algorithms.

1. INTRODUCTION

To maximize the quality of a reconstructed speech signal,
the properties of the human auditory system must be con-
sidered. A major aspect of human hearing is that its fre-
quency resolution is a nonlinear function of frequency. On
the basis of this aspect of human hearing, new methods to
determine a linear-prediction-based description of the spec-
tral envelope have been developed [2, 3]. Furthermore, it
has been used in analysis-by-synthesis coders to improve
the description of the excitation signal [4].

In this paper we use novel methods to account for the
nonlinear frequency resolution in the waveform interpola-
tion (WI) coder. Features of our methods also apply to
other coders. Particularly relevant in this respect are our
modified ERB-rate scale (Equivalent Rectangular Band-
width), and two variable-dimension quantizers, one of which
(the bin method) has been previously employed in the WI
coder [5] and is similar to the method described in [6].

The paper is organized as follows. Section 2 describes the
basics of WI, and section 3 describes the original ERB-rate
scale. In section 4 we present the modified ERB-rate scale
and in section 5 its application to SEW quantization in the
4 kb/s WI coder is discussed. In section 6 we describe the
variable dimension vector quantizers applied. In section 7
we present the results of experiments and in section 8 we
present our conclusions.
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2. WAVEFORM INTERPOLATION

In WI coding [1], the speech signal is represented as an
evolving waveform. This two-dimensional signal, g(t, ¢),
displays the representative shape of the speech waveform
along the ¢ axis and the evolution of this shape along the
t axis. g(¢,¢) is constrained to be periodic along ¢ with a
period normalize to 2x. Generally, g(2, ¢) is specified as a
Fourier series along ¢ with coeflicients dependent on t. The
waveform evolves relatively slowly in ¢ for voiced speech,
and rapidly for unvoiced speech. The evolving waveform
is usually defined for the linear prediction residual signal
rather than the speech signal itself.

The evolving residual waveform u(t,¢) is described effi-
ciently by a decomposition into two components by filter-
ing along the t axis. High-pass filtering results in a rapidly
evolving waveform (REW) representing the noise-like com-
ponent of speech. A low accuracy description of the REW
magnitude spectrum at a relatively high update rate is suf-
ficient for good performance. Low-pass filtering results in
a slowly evolving waveform (SEW) representing the nearly-
periodic component of speech. The SEW magnitude spec-
trum requires an accurate description but a relatively slow
update rate is sufficient due to the small evolution band-

width.

3. THE ERB-RATE SCALE

The ERB-rate scale [7, 8} is a frequency scale motivated by
the properties of the human auditory system. The Equiv-
alent Rectangular Bandwidth (ERB) of a human auditory
filter H(f) with its maximum gain |H(fo)| at fo is [8]:

[1H(F)Pdf
HGF @)

Hence, the ERB is the bandwidth of a hypothetical rect-
angular filter with a gain |H(fo)|, such that the integral
over its frequency response equals the integral over the hu-
man auditory filter, | H(f)|, [8]. An algebraic expression for
ERB as a function of frequency can be defined (e.g., [7]),
based on experimental results. The ERB-rate scale relates
the number of ERB’s to the frequency, f, in Hz:

f+ 312
f + 14675

ERB =

ERB-rate = 11.17-ln + 43.0. (2)

Eq. 2 specifies the number of ERB’s covering the frequency
range [0, f]. From a perceptual viewpoint one must sample
uniformly the ERB-rate scale instead of the conventional
frequency scale. A plot of the original ERB-rate scale (eq.
2) is shown in fig. 1 where a linear sampling of the ERB-
rate scale is indicated with the dotted lines. It shows that,
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consistent with the human auditory system, the resolution
of the ERB-rate scale decreases with increasing frequency.
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Figure 1. The original ERB-rate scale.

Usage of the ERB-rate scale in conjunction with vec-
tor quantization to describe the magnitude spectrum is not
trivial for voiced speech. This can be seen as follows. The
ERB-rate scale results in a sampling rate of 1 sample per
28.52 Hz near 0 Hz. Voiced speech has an essentially har-
monic structure, with a fundamental frequency of usually
at least 100 Hz. Thus, the ERB-rate scale oversamples this
spectrum at low frequencies (where the most important fea-
tures of voiced speech are located). This is undesirable be-
cause the statistics of the vectors describing the magnitude
spectrum will depend strongly on the pitch. (This effect will
be reduced, but not removed, with interpolation between
harmonics.) To facilitate the description of the magnitude
spectrum vectors with a single codebook, the dependency
on the pitch must be minimized. We use the combination of
two methods to accomplish this: i) the modified ERB-rate
scale and ii) variable-dimension vector quantization.

4. THE MODIFIED ERB-RATE SCALE

In this section we define a modified ERB-rate scale which
can be sampled uniformly without oversampling voiced
speech spectra at the lower frequencies. In combination
with the variable-dimension quantizer, this will lead to mag-
nitude spectra which are independent of the pitch period
of the signal. The price that is paid for the removal of
oversampling is a sampling rate at the higher frequencies
which is lower than one sample per ERB. This undersam-
pling means that some perceptual information may be lost,
but the removal of oversampling means reduced pitch de-
pendency and thus more efficient quantization. (In section
5 it will be seen that the loss in perceptual information is,
in fact, insignificant.)

The modified scale is linear below a certain frequency,
which we call the point of warping, B. Beyond the point
of warping, the scale is identical to the regular ERB-rate
scale. The parameters of the modified ERB-rate scale are
derived so as to provide continuity of the function and the
first order derivative at the point of warping. Accordingly,
the modified ERB-rate scale is given by

I <B

a- I<
hB(f)={ B-a+1117.In Y322BHeT ¢S g (3)

where
160434.7

(B +312)(B + 14675) (4)

a

and with both the frequencies f and B specified in Hz.
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Since we are dealing with compression, it is useful to com-
pare the number of frequency samples used on the origi-
nal frequency scale with the number of samples used on
the modified ERB-rate scale. Let fmax be the Nyquist fre-
quency, and let K be the number of harmonics below fy.q;.
Furthermore, rounding errors due to the integer nature of
the number of harmonics will be ignored. The number of
harmonics below the warping frequency B is

. B
K B = f max A ) (5)
In this paper we sample the modified ERB-rate uniformly.
This implies that the resolution is less than one ERB. Thus,
the number of samples on this scale is

hB(fma.x)
hs(B)

KEgrp Kp. (6)

Hence, the ratio of the number of samples on the conven-
tional frequency scale and the number of samples on the
modified ERB-rate scale is

I&’ — hB (B) fmax

hB(fma,x) B (7)

KEerp

For the auditory range of frequencies, the right-hand side of
this equation is a monotonically decreasing function of B.
In a WI coder, a particular point of warping corresponds
to a particular ratio between the number of harmonics and
the number of samples on the modified ERB-rate scale.
Usage of the modified ERB-rate scale results in the dis-
carding of spectral magnitude information in a perceptually
based manner. The amount of information discarded de-
pends on the point of warping. When the point of warping
is equal to the Nyquist frequency no information is dis-
carded. Lowering the point of warping from the Nyquist
frequency, increasingly more information is discarded.
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Figure 2. From top to bottom: the original SEW magnitude
spectrum and reconstructed magnitude spectra using points of
warping of B=1500, 1000, 659, and 300 Hz corresponding to
ratios K/Kggrp of 1.34, 1.63, 2.00, and 2.85 respectively.

The modified ERB-rate scale is sampled uniformly at a
rate which increases with increasing B. This effect is clearly
illustrated in fig. 2, which shows original and reconstructed
magnitude spectra for different points of warping using the
modified ERB-rate scale and no quantization. Hence, it dis-
plays simply the result of a transformation of the magnitude
spectrum of the spectral domain to the modified ERB-rate
domain and back again. In practice, the transformations to
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and from the modified ERB-rate domain are performed us-
ing bandlimited interpolation of the magnitude spectrum,
with frequency dependent bandwidth of the interpolation
function.

In fig. 3, the modified ERB-rate scale is shown for the
case of B = 659 Hz. As will be discussed in section 5, this
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Figure 3. The modified ERB-rate scale (point of warping is
659 Hz). Dashed lines: linear region, dotted lines: warped region.

is the actual value we use in the coder. The number of
points on this modified ERB-rate scale is half the number
of harmonics. A quantizer operating in this domain has half
the dimensionality of a quantizer operating directly on the
SEW magnitude spectrum.

5. SEW QUANTIZATION

The SEW component of the excitation in the WI coder
represents the nearly-periodic component of the excitation
signal. It evolves slowly and a slow update rate is suffi-
cient. However, it must be quantized accurately for good
reconstructed speech quality. In a Fourier-series based WI
coder, the number of harmonics is proportional to the pitch
period. Hence, a method that handles variable dimension
input vectors is required for the SEW quantization.

Based on listening experiments, earlier WI coders [5] used
quantization for the lower 800 Hz and modeling for the re-
mainder of the frequency scale. The goal of the present work
is to create a more efficient SEW quantization method using
the modified ERB-rate scale. As a first step, experiments
were conducted to find a suitable point of warping, B. As
mentioned in section 3, one would expect that for speech a
resolution of about 100 Hz should suffice, which corresponds
to B = 730 Hz. Informal comparison tests on speech recon-
structed with unquantized parameters were run to find the
minimum value of B where the reconstructed speech was
indistinguishable from that using the original SEW. Con-
sistent with expectation, these experiments resulted in a
selection of a warping frequency of 659 Hz (this particular
value corresponds to a ratio K/Kgrp = 2). Importantly,
this result also implies that the decrease in resolution of
the SEW to below an ERB, which might affect perceptual
reconstruction accuracy at higher frequencies, does in fact
not affect subjective quality.

In the 4 kb/s WI coder, the pitch ranges from 20 samples
to 126 samples resulting in 11 to 64 harmonics in the SEW
magnitude spectrum. Hence, with the particular modified
ERB-rate scale representation used here, between 6 and 32
points are used to describe the SEW magnitude spectrum.
The resulting reduced-dimension description must be de-
scribed with an appropriate variable dimension quantizer.
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6. VARIABLE-DIMENSION QUANTIZATION

The variable dimension bin method described in [5] pro-
vides one approach to quantize the variable dimensional
modified ERB-rate scale vectors. The bin boundaries cor-
respond to fixed points on the particular frequency scale
used (conventional frequency or modified ERB-rate). The
spectral points (elements) in the variable dimensional in-
put vector are each associated with a bin, and bins with
no spectral points are discarded during codebook design
and search. The method is implemented by using a fixed-
dimension weighted error criterion and setting the weights
to zero for dimensions corresponding to bins that do not
attract any spectral points at a particular quantization in-
stant. The basic principle is similar to the variable dimen-
sion vector quantizer presented in [6] where a sub-sampling
of a universal codebook is performed instead of using the
weights in the criterion to control the bin-allocation.

Another straightforward method of dealing with the vari-
able dimension of the SEW on the modified ERB-rate scale
is to apply a bandlimited interpolation of the data vector
so that a known number of points can be presented to the
quantizer. (This method will be referred to as the “fixed
dimension method”.) A natural choice for the quantizer di-
mension is the maximum number of points of the modified
ERB-rate magnitude spectrum (32 in this case).

Using a band-limited interpolation of a vector of low di-
mension to a vector of high dimension results in a low band-
width of the latter vector. Neighboring samples of the high-
dimensional vector are highly correlated. In other words,
the time bandwidth of the vectors presented to the quan-
tizer will vary strongly with the original number of points
on the modified ERB-rate scale. The vector will have low
time bandwidth for high fundamental frequency speech seg-
ments and high time bandwidth for low fundamental fre-
quency speech segments. If a single codebook is used, this
dependency on the fundamental frequency results in an in-
efficient quantizer.

However, the notion of bandwidth suggests a more ef-
fective quantization procedure. By performing an inverse
discrete Fourier transform on the upsampled modified ERB-
rate-scale vectors, a new vector is obtained which we will
refer to as time-modified-ERB domain vectors. The time-
modified-ERB domain vectors are essentially zero beyond a
certain sample index. This index represents the time band-
width of the interpolated modified ERB-rate scale vector.

In a practical implementation of the time-modified-ERB
method, the interpolation step can be omitted. By per-
forming an inverse DFT on the original sampling rate, the
nonzero samples of the time-modified-ERB are obtained.
During quantizer design and quantization, one simply con-
siders only the available samples of the time-modified-ERB-
rate scale vector. The statistics of the elements of the vec-
tors are independent of the vector dimension.

The time-modified-ERB method has several advantages
over the bin method. It follows from the above discus-
sion that the time-modified-ERB method operates effec-
tively if uniform oversampling is present in the modified
ERB magnitude spectrum representation. In contrast, the
bin method assumes that no oversampling occurs in the
modified ERB magnitude spectrum representation. More
importantly, a basic advantage of the time-modified-ERB
method is that it facilitates usage of a predictive quantizer,
whereas the bin method does not.
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7. EXPERIMENTAL RESULTS

The modified ERB-rate frequency scale and the variable-
dimension quantizers were evaluated with objective and
subjective tests. Using the same data for all quantizers,
they were trained and tested on separate data bases. All
quantizers have 256 entries (8 bits) and are designed from
60,000 vectors. The objective testing was used to compare
the performance of the different quantizers for the modi-
fied ERB-rate scale representation and the subjective test-
ing was used to compare the modified ERB-rate frequency
scale to the traditional linear frequency scale.

The objective test of the different quantizers for the mod-
ified ERB-rate scale representation was carried out by aver-
aging the signal to noise ratio (SNR) expressed on a dB scale
between the original SEW magnitude vectors and the re-
constructed SEW magnitude vectors. The data base for the
test contained 15,000 vectors all excluded from the training.
Table 1 shows the objective performance of the two variable-
dimension quantizers (bin ERB and time-ERB) in compari-
son to the fixed-dimension quantizer (fix ERB) described in
section 6. The table also includes the performance of simply
inverse transforming the unquantized modified ERB-rate
scale representation (orig ERB). Clearly, the two variable-
dimension quantizers are better than the fixed-dimension
quantizer. In our current implementation, the bin method
is superior to the time-ERB method. This situation is likely
to change if predictive quantization is used.

Table 1. Average dB-scale SNR on the individual harmonics
magnitudes for individual frequency bands and full band.
band (kHz) 0-0.5 0.5-1 1-2 2-4 0-4

ong ERB 141.87 39.68 14.76 10.16 | 12.76
fix ERB 17.12 13.80 11.05 8.28 9.86
bin ERB 18.28 14.99 11.50 8.58 | 10.33

time-ERB 17.63 1474 11.52 8.61 | 10.30

To demonstrate the difference in reconstruction accuracy
of the SEW magnitude using the linear frequency scale and
the modified ERB-rate scale, the average dB-scale SNR be-
tween the original and reconstructed SEW magnitude vec-
tors was calculated for the two frequency scales. The bin
method was used to quantize and reconstruct the entire fre-
quency range, i.e. 0-4000 Hz, for both representations. The
experiment was performed on 15,000 vectors. The results
are depicted in fig. 4. Clearly, the use of the modified ERB-
rate frequency scale (dotted line) results in higher accuracy
at the lower frequencies, and lower accuracy at the higher
frequencies as compared to the linear frequency scale (solid
line). This is consistent with the human auditory system.
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Figure 4. Reconstruction accuracy (average dB-scale SNR) of
the SEW magnitude quantization on either a linear frequency
scale (solid line) or the modified ERB-rate scale (dotted line).
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For the subjective test, 40 files containing two sentences
each (referred to as “utterances”) were processed both with
representation of the SEW magnitude spectrum using a lin-
ear scale, and the modified ERB-rate scale. Blind A-B
preference tests were performed, with the utterances pre-
sented to the test subjects in random order. Both frequency
scales were quantized using the bin method for the entire
frequency range 0-4000 Hz. Thus, the linear scale vector
has a maximum of 64 elements and the modified ERB-rate
scale vector a maximum of 32 elements. The outcome of
the subjective test reflects the differences in using a linear
frequency scale versus the modified ERB-rate scale repre-
sentation of the SEW. The utterances included clean speech
and speech with background noise. Some of the utterances
were coded twice in sequence (tandem coding).

The relative preferences of the test subjects are shown
in table 2. The test subjects preferred the modified ERB
scale by a clear margin. This confirms that quantization on
the modified ERB-rate scale is perceptually more accurate
than quantization on a linear frequency scale.

Table 2. Relative preference in subjective testing.
Condition clean tandem noise | composite
linear 35 % 44 % % 37T %
modified ERB | 65 % 56 % 65 % 63 %

8. CONCLUSIONS

The human auditory system has a frequency resolution
which decreases rapidly with increasing frequency. In this
paper we have introduced a new method to account for this
frequency scale in speech coding. Furthermore, we have de-
scribed two variable-dimension quantizers, which are useful
for quantization with this new frequency scale. Experimen-
tal results confirm that the new methods result in signifi-
cantly improved performance. The new techniques are ap-
plied to the WI coder, but are also applicable to many other
speech coding algorithms.
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