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Abstract

Linear prediction (LP) is the cornerstone of most modern
speech compression agorithms. Previously it has been shown
that incorporating a weighting function based on the
simultaneous masking property of the ear into the calculation
of the LP coefficients (SMWLPC) allows the filter to better
model the unmasked sections of the input spectrum. This
paper conducts a detailed analysis of the implementation of
SMWLPC in low rate speech codecs. The analysis allows the
cause of inconsistencies in the technique to be identified and
solutions formulated. Experimental results show that when
combined with the proposed changes, the SMWLPC
technique is suitable for implementation in any low rate LP
based speech codec and the net result is an improvement in
the perceptual quality of synthesised speech for all speakers.

1. Introduction

1.1. Background

Linear prediction (LP) forms an integral part of amost al
modern day speech coding or speech compression agorithms.
The primary reason for this popularity is that linear prediction
provides a relatively simple and well founded technique for
removing the redundancy from a speech signal, thus aiding in
compression or bit rate reduction.

Whilst linear prediction is widely used in speech coding it
was not originally developed specifically for speech coding
but rather for the more general field of signal processing. The
result of this is that the linear predictor used for speech
coding does not exploit many of the well known perceptual
properties of human hearing. Previously [1] and [2] have
shown that incorporating a weighting function based on the
simultaneous masking property of the ear into the calculation
of the LP coefficients (SMWLPC) allows the filter to better
model the unmasked sections of the input spectrum. This is
achieved by weighting the input spectrum so that greater
emphasis is placed upon the unmasked regions of the
spectrum. The motivation for this technique is to ensure no
complexity is wasted modeling the masked regions, thus
allowing the unmasked regions to be better represented. This
allows the filter to remove more perceptually important
information from the signal than the standard LP technique,
with the resultant residual signal consisting of less
perceptually important information.

By exploiting the perceptual models upfront in the LP filter,
computational complexity is dramatically reduced when
compared to methods where complex perceptual models are
used directly in quantising the LP residual [3]. This reduction

is due to the fact that only a single transform and weighting
multiplication per frame of input speech is required as
opposed to one for each excitation vector under test. Also by
incorporating the complex perceptual models into the LPCs,
SMWLPC can be easily adapted to any existing LP based
speech coding algorithm by simply replacing the standard LP
filter.

The method selected limits the increase in computational
complexity over standard LP filtering by maintaining the use
of traditiona recursive solutions in calculation of the LP
Coefficients (LPC). This aso maintains a stable Auto-
regressive (AR) structure that can be directly employed in any
L P based speech codec.

1.2. Motivation

Whilst the improvement in modeling the perceptualy
important unmasked regions of the spectrum has been
documented in [1] and [2], some inconsistencies between the
performance for male and female speakers were also reported.
This paper presents the results of a detailed analysis of the
SMWLPC technique when implemented in low rate speech
coders. The results of this analysis alow the following
important factors to be determined:

1) The suitability of the SMWLPC coefficients for high
level compression and quantisation.

2) The cause of the inconsistency in performance between
male and femal e speakers.

3) A comparative study of the performance of SMWLPC in
both open loop and closed loop (analysis by synthesis)
speech coders.

The cause of the inconsistency in performance between male
and female speakers was found to be due to excessive spectral
leakage occurring for low pitch male speakers. A windowing
method that minimizes this leakage is thus presented.
Objective and subjective results indicate that when combined
with the proposed windowing technique, SMWLPC removes
more perceptually important information from the input
speech than the standard technique for all speakers. This in
turn leads to SMWLPC improving the perceptual quality of
both open and closed |oop low rate LP based speech coders.
The paper is organized as follows. In section 2 an overview of
the method for SMWLPC is presented. Section 3 discusses
the practica aspects of implementing the SMWLPC
technique. Objective and subjective results are provided in
section 4. Finally, the mgjor points are summarized in section
5.
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Figure 1- Functional Block diagram of SMWLPC

2. Linear Prediction Incorporating
Simultaneously M asked Spectral Weighting
(SMWLPC)

A Block diagram of the SMWLPC method is shown in Figure
1. Initiadlly the Power Spectrum (frequency domain) of the
input speech is calculated via a Fast Fourier Transform (FFT).
A masking threshold function is then calculated for each
discrete frequency. This function is based on the model
detailed in [4]. The masked input frequencies are then
determined. This is achieved by comparing the power
spectrum of each discrete frequency to the masking threshold
for that frequency. If the power spectrum is less than the
masking threshold or the threshold of hearing, the frequency
is deemed masked. A modified power spectrum is then
produced by taking those frequencies deemed masked and
zeroing their value. This method is equivalent to generating a
spectral weighting function whose vaues are unity for
unmasked frequencies and zero for masked frequencies or
frequencies whose power is below the threshold of hearing
and then multiplying the input spectrum by this weighting
function. The result is a power spectrum that contains only
unmasked information. Recognising that the autocorrelation
of a discrete stochastic signa is the Inverse Discrete Fourier
Transform (IDFT) of the power spectrum, the perceptualy
altered power spectrum is transformed to the autocorrelation
function of the unmasked speech. A perceptually altered
Linear Predictor can then be easily calculated using the well
known Levinson Durbin recursion [5].

3. Implementation of SMWLPC in Low rate
speech Coding

3.1. Data Windowing Requirements

The psychoacoustic model given in [4] that is used to
calculate the masking threshold function was based on audio
signals sampled at 32khz or greater. Due to this sampling rate
and also the ahility to accept large delays in Audio coding as
they seldom operate in real time, the transform length is set to
2048. Using this length window produces frequency bins that
are separated by less than 16Hz and as the lowest frequency
in the audio range is >50Hz, spectral leakage between
frequency bins [6] has little effect even if a rectangular
window were used. To adapt this model for use in
narrowband speech coding with a sampling rate of only 8kHz
and a constraint on the maximum delay due to the need to
operate in real time, the number of samples in the window is

greatly reduced. This short transform length causes the
frequency separation between adjacent frequency bins to
become amost equal to the lowest pitch value for voiced
speech of approximately 50Hz. This characteristic causes
spectral leakage across the frequency bins to have a large
effect for low pitch speech. The leakage can act as an initial
spreading function for low pitched speech and thus causes the
masking threshold generated for this speech to become
distorted (disproportionately larger than for higher pitched
speech). This analysis is supported by the experimental
results of [1] and [2] where the performance of the SMWLPC
technique was optomised to suit either male or female
speakers by artificially biasing the masking threshold. To
apply this biasing techniqgue as a means of obtaining
consistent performance across al speakers would require the
masking threshold to be adaptively modified according to the
pitch of the input speech. This is an impractical approach as
pitch prediction is generally performed on the LP residua
signal.

The authors have found that if a Hamming window of length
240 samples is used the effects of leakage are minimized and
results have shown the masking threshold to be consistent
across a range of pitch values. This window length is towards
the upper limits used in speech coding but is common in low
rate speech coders such as the FS1016 [7] 4.8kbps CELP
coder. If ashorter window length is used the spectral leakage
can cause the masking thresholds to become inconsistent
across the range of possible pitch values. This method of
windowing is adopted for the experimental results presented
in section 4.

3.2. Quantisation Properties

Direct form LP coefficients are rarely used directly in speech
coders as they are susceptible to quantisation noise [8]. The
most popular representation of the LP coefficients are Line
Spectral Frequencies (LSF) [9]. The LSF's are calculated
from the direct form coefficients and their characteristics
make them suitable for quantisation. These characteristics
include monotonically increasing order, strong intra and inter
frame correlation and clustering together at formant
frequencies [10]. These characteristics are exploited to obtain
high compression quantisation methods for conventional
LSF's.

To examine the effect that SMWLPC has on the correlation
properties of the LSF's, the inter and intra frame correlation
for both standard and SMWLPC LSF parameters were
compared. This comparison showed no significant differences
in the correlation values between the two methods. To verify
thisfinding in a practical situation a vector linear predictor as
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proposed in [11] was calculated for both the standard LPC
and SMWLPC L SFs respectively. The predictor produced is a
square matrix that uses the LSF vector from the previous
frame to estimate the LSF vector for the current frame by
exploiting both intra and inter frame correlation. The Spectral
distortion between the predicted vector and the actual vector
was calculated for each frame of a test sequence of 1000
frames and was then averaged across al frames. The spectral
distortion was calculated via (1) and the results are shown in
Table 1.

1270 s
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where Nis the FFT length, S(K) is the Actual LPC
spectrum and H (K) isthe predicted LPC spectrum.

The results shown in Table 1 indicate that the spectra
distortion was virtually identical for both LP methods. The
difference of 0.07dB is statistically insignificant as the
resultant error would then be vector quantised and a final
spectral distortion of less than 1dB is known to produce
transparent results for speech coding [12]. Achieving a
virtually identical spectral distortion indicates that in practical
situations SMWLPC maintains the high inter and intra frame
correlation values of standard LPC LSF's and thus are
suitable for high compression quantisation schemes such as
vector linear prediction.

4. Experimental Results

4.1. Objective Results

To obtain an objective measure for the amount of extra
perceptually important information that is removed by
SMWLPC the average Weighted Unmasked Residual Energy
(WURE) was calculated using :

wore=1

L w() R (1) )
| unmasked

Where R () is the PSD of the residua signal, w() is a
weighting function equal to a 40" order LP spectrum of the
input speech normalised to have unity maximum and L isthe
total number of unmasked spectral lines. The use of the
weighting function w() in (2) places greater emphasis on the
perceptually important formant regions of the input spectrum.
10" order LP analysis using both SMWLPC and standard LP
was performed on 10 input sentences (5 male/ 5 female).
Frames of length 200 samples were used in the analysis with
a linear predictive Hamming window of 240 samples having
an overlap of 20 samples between frames. The WURE of
each frame was calculated via (2) and the values averaged
across the entire sentence. The results of the analysis are
shown in Table 2.

The results in Table 2 show the average percentage reduction
in WURE for SMWLPC compared to standard LP for each
input sentence. The results demonstrate that more
perceptually important information was removed by
SMWLPC for each of the input files. The average
improvement for all sentences was 5.84%, this represents a
significant improvement and indicates that SMWLPC

Average

Spectral
distortion
SMWLPC 2.38dB

STD LPC 2.31dB

Table 1-Average spectral distortion for

the predicted LSF
Sentence | Speaker SMWLPC %
Number Gender | mprovement
1 Male 47
2 Male 17.52
3 Male 3.95
4 Male 3.55
5 Male 105
6 Female 2.87
7 Female 3.84
8 Female 5.82
9 Female 251
10 Female 3.13

Table 2-Percentage greater WURE
removed by SMWLPC

removes significantly more perceptually  important
information from the input signal than standard LP.

4.2. Subjective Listening Tests

To test the performance of the SMWLPC in existing speech
codecs, aversion of the 4.8kbps FS 1016 CELP coder [7] and
a WI [13] coder operating at 2kbps [2] were modified to use
the SMWLPC in place of the standard LPC. The motivation
for selecting the CELP and WI coders was to test the
performance of SMWLPC in structures that code the LP
residual signa in a closed loop and open loop method
respectively. As the WI coder uses vector quantisation of the
LSF parameters the coder was set to operate with non
quantised LSF's. This removed the need to retrain the LSF
codebook for the SMWLPC and also ensured an unbiased
evaluation of SMWLPC's effect on the perceptual content of
theresidual signal, with no effect from quantisation errors of
the LPC parameters. This modification was not necessary for
the CELP coder as it uses scalar quantisation of the LPC
parameters which were found to match both the standard LPC
and SMWLPC. All other parameters including codebooks
were |eft unaltered.

Each of the coders was used to generate synthesized speech
for 10 input speech sentences (5 male5 femae) from the
TIMIT database using both the standard LPC and SMWLPC.
Subjective forced A/B comparison testing comprising 20
untrained listeners was conducted. To avoid statistical biasin
the results, each sentence pair was played twice in each test
with the order of the sentences being reversed. Thus the total
test comprised the comparison of some 800 sentence pairs.
The results are shown in Tables 3& 4.

An alternative view of the results is to look at the majority
listener preference for the individual sentences. These results
are shown in Table 5.

The results clearly indicate a preference for the SMWLPC
coded speech in al instances and for both coders. This clear
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Speaker SMWLPC | STDLPC
Gender
Female 59.50% 40.50%
Male 53.50% 46.50%
Total 56.50% 43.50%
Table 3-A/B Comparison Results
for the FS1016 CELP coder
Speaker SMWLPC STDLPC
Gender
Female 54.50% 45.50%
Male 57.50% 42.50%
Total 56% 44%

The results obtained also indicate that SMWLPC maintains
the characteristics of standard LPCs which make them
suitable for high level compression and quantisation. These
results combined with subjective results indicate that the
SMWLPC technique can be easily implemented in any LP
based speech coder. The resultant effect is that when used in
either an open or closed loop low rate LP based speech coder
the SMWLPC technique improves the perceptual quality of
the synthesized speech for all speakers.
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Table 4- A/B Comparison Results
for the W1 coder

SMLPC STD LPC | No Preference

CELP 70% 30% 0
Wi 60% 20% 20%
Total 65% 25% 10%

Table 5- Majority preferred sentences

preference is despite the fact that the coding structures for
both coders were left unaltered. Modifying the quantisation
procedures for the residual signa to suit the SMWLPC
characteristics by, for example, retraining codebooks and
introducing search weighting functions that suit the
SMWLPC characteristics such as that proposed in [3] could
be expected to show further substantial improvements in the
performance of the coders when using SMWLPC.

It isinteresting to note that for the CELP coder the preference
for female speakers using SMWLPC was higher than for
males and for the WI coder this was reversed. It is a well
known property that CELP coders sound better for male
speakers due to the retention of phase (temporal) information
but poor modeling of the harmonic structure in the coding
process [14]. Conversely harmonic type speech coders such
as WI coders are better suited to female speakers due to the
retention of the harmonic structure but loss of the phase
information [14]. It appears that by removing more of the
perceptually important information from the input speech
before the residual is coded, SMWLPC is able to overcome
some of the short comings of a particular low rate coding
algorithm.

5. Conclusion

A thorough analysis of the SMWLPC technique when
implemented in low rate speech codecs has been conducted.
This analysis alowed the cause of previously reported
inconsistencies in performance between male and female
speakers to be identified and a solution that improves the
consistency of the technique to be formulated. Thorough
objective testing has shown that when the proposed solution
is incorporated into the SMWLPC technique, the SMWLPC
technique consistently removes more perceptually important
information from the input speech for al speakers than
standard LP filtering.
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