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Abstract

In this paper, we present new results on Temporal
Decomposition (TD) applied to the Line Spectral Frequencies
(LSFs) derived for wideband speech. The paper shows that by
incorporating a dynamic programming search algorithm into
TD, near transparent quantisation of wideband LSFs can be
obtained at approximately 1 kbps. We also show that TD
performs significantly better than Split Vector Quantisation at
low bit rates. We propose that TD is a promising approach to
low rate wideband speech coding for applications such as
unicast streaming.

1. Introduction

Wideband speech (up to 8 kHz bandwidth) offers a significant
improvement in the subjective quality over narrowband speech
(up to 4 kHz bandwidth) [1,2]. Most of the current proposals
for wideband speech coding achieve bit rates of 8 kbps and
above, and are targeted at real time applications such as
teleconferencing and mobile telephony [1]. Low rate (4 to 8
kbps) applications for wideband speech coding include high
quality voicemail and paging services and low rate mobile
internet applications including streaming media and speech
storage for online teaching material and news bulletins.

A high proportion of the bit rate used by a speech coder is
allocated to the spectral parameters. In [3] it was suggested
that 2400 bps is needed for transparent quantisation of
wideband spectral parameters. If wideband speech coding is to
approach 4 kbps, the bit rate for spectral parameters needs to
be reduced. One technique proposed in narrowband speech
coding for significantly reducing this bit rate is Temporal
Decomposition (TD) [4,5,6,7]. In this paper we investigate the
use of TD applied to wideband speech as a method of reducing
the spectral parameter bit rate to around 1 kbps. Although this
technique introduces encoding delay of up to a few hundred
milliseconds, this is acceptable for the above applications.

TD models the trajectory of the speech spectral parameters as
a weighted sum of interpolating functions. The interpolating
functions are commonly known as event functions and the
weights as target vectors. Quantising and transmitting these
parameters instead of the spectral parameter vectors leads to
significant bit rate reductions [4]. We refer to TD for
narrowband speech as Narrowband Temporal Decomposition
(NBTD) and TD applied to wideband speech as Wideband
Temporal Decomposition (WBTD). In this work, NBTD and
WBTD was applied to the Line Spectral Frequency (LSF)
vectors.

In Section 2 we describe the solution we used for the TD
equation including an optimisation strategy for event
locations. Quantisation of the TD parameters is described in
Section 3 while our experimental evaluation techniques are
described in Section 4. Results and conclusions are presented
in Sections 5 and 6, respectively.

2. Solving the TD equation

The TD model for a sequence of N pth order LSF vectors
using M event functions and target vectors is described by
equation (1) below.
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Here, ŷi(n) is the approximation of the ith LSF, yi(n),
produced by the model, φk(n) is the kth event function at time
n and aik is the ith component of the kth target vector
corresponding to LSF i.

The original solution to (1) (presented in [4]) used the Singular
Value Decomposition (SVD) of the N LSF vectors to initially
locate and approximate the event functions. This was followed
by an iterative procedure to estimate target vectors and event
functions. The authors of [5] simplified the approach by
placing restrictions on the shapes and number of overlapping
event functions. Expression (1) then simplifies to the
description of the vector trajectory between two event centres
separated by L frames and is given by equation (2).
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The authors of [6] further simplify by locating event centres at
stable points in the LSF vector trajectories using a simple
stability equation. Target vectors are then initialised to the
LSF vectors at these points and the event functions are solved
(from expression (2)) through minimisation of the mean
squared error between the original and modeled vectors.

2.1. Event Location Optimisation

The location of events is critical in reducing the modeling
distortion resulting from the TD equation in (2). In [6] the
Spectral Transition Measure (STM) is used to locate events
stable points in the LSF tracks. While this is a simple
approach, our initial results found that the modeling distortion
introduced did not allow for transparent quantisation. In [7] an
optimised (dynamic programming) approach was suggested
whereby events are located such that the total error between
the original and modeled LSFs is minimised for a sequence of
vectors. This approach is formulated as follows: the total
squared error between the original and modeled LSF vectors,
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where events are located at frames ik-1 and ik is given by
equation (3). Here . represents the euclidean distance.
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The total accumulated error arising from locating M events
between frames 1 to n is then given by equation (4).
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The minimum error for locating m events in n frames is then
given by equation (5) below.
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This finds the location of m-1 events to give the minimum
error when the last event is located at in. Finally, the optimal
location of event m (given by frame i) can be found by
solving equation (6) recursively, where F(m,n) is the
minimum error for locating m events within n frames.
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In [7] the authors solve (6) to find a fixed number of M events
in an N frame block of LSFs. However, fixing the number of
events for a given block is inefficient as some blocks may
require fewer events than others to produce a given distortion.
We suggest modifying the algorithm such that the number of
events located in a block is chosen to ensure the total
accumulated distortion is below a predefined threshold. This
ensures that the optimal number of events are located for a
block and gives more freedom to increase the event rate if a
lower distortion is required. We use the terms DP-F and DP-V
to refer to dynamic programming where a fixed and variable
number of events are located per LSF block, respectively.

3. Quantisation of NBTD and WBTD
Parameters

In this work NBTD and WBTD were performed on speech
taken from the ANDOSL speech database [8]. Speech in this
database is sampled at 20 kHz; hence narrowband and
wideband speech were obtained by re-sampling to 8 kHz and
16 kHz, respectively. LSFs were generated from 10th and 20th

order Linear Prediction (LP) analysis of narrowband and
wideband speech, respectively, using 30 ms windows and 25
ms frames. TD was performed on blocks of 20 LSF vectors
linearly interpolated from 10 frame blocks.

Figures 1 and 2 show typical event functions derived from
NBTD and WBTD of LSFs derived for sections of male and
female speech. A distinctive feature of these plots is the
similar locations and shapes of the event functions. This is
due to event functions showing a high correspondence to the
phonemes [5]; thus it should not matter whether the speech is
wideband or narrowband. Based on this observation we
postulated that event shapes derived from WBTD could be
quantised to the same accuracy as those derived from NBTD
without an increase in bit rate.

In this work event function shapes vectors were linearly
interpolated to a fixed length and quantised using Vector
Quantisation (VQ). Event durations were limited to 16 to
allow scalar quantisation with 4 bits. Target vectors are
modified versions of the LSF vectors and were quantised
using VQ. To reduce complexity we used Split VQ.
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Figure 1. Event functions derived for narrowband and
wideband LSFs for a section of male speech.
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Figure 2. Event functions derived for narrowband and
wideband LSFs for a section of female speech.

4. Experimental Evaluation of NBTD and
WBTD

VQ codebooks for event functions and target vectors were
trained using approximately 31000 event functions and target
vectors calculated from NBTD and WBTD of 30 minutes of
male and female speech. For testing purposes, NBTD and
WBTD were applied to a separate set of 12 male and female
sentences. To evaluate modeling distortion we used the
Average Log Spectral Distortion (AvLSD) (7) [9] between the
original and modeled LSFs. AvLSD measures the average
difference over N frames between the original and modified
LPC power spectra, P(ω) and P'(ω), respectively. For
narrowband speech ω has a bandwidth of 4 kHz while for
wideband speech ω has a bandwidth of 8 kHz.
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Event function quantisation was evaluated using the Mean
Squared Error (MSE) while target vector quantisation was
evaluated by using the AvLSD. The overall quantisation
scheme was evaluated by measuring the AvLSD between
LSFs modeled from unquantised and quantised WBTD
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parameters. The total distortion introduced from both
modeling and quantisation was evaluated by measuring the
AvLSD between original LSFs and LSFs modeled by
quantised WBTD parameters. For comparison with
conventional quantisation, we also measured the AvLSD for
the same LSFs quantised using Split VQ, using codebooks
trained on the same training data as used for WBTD.

5. Results

The following Sub-Sections present modeling and
quantisation results for the experiments described in Section
4. When reporting AvLSD results we also include outlier
percentages to indicate perceived distortion [9]. For NBTD
and WBTD modeling distortion comparisons we choose
outlier percentages in the range 2-4 dB and greater than 4 dB.
For WBTD quantisation distortions we choose outlier ranges
of 3-5 dB and greater than 5 dB. These ranges provide a better
indication of perceptual quality for wideband speech coding
[3] than those suggested for narrowband speech coding [9].

5.1. NBTD and WBTD Modeling Performance

Table 1 shows the results for the modeling distortion, between
original LSFs, and the LSFs reconstructed using NBTD and
WBTD with events located using STM. Also shown are
results for WBTD using DP-F and DP-V for event location. In
all cases the event durations are 17 events/s.

TD Model AvLSD (dB) 2<SD≤4 (%) SD>4 (%)

NBTD (STM) 1.6 25.2 3.3
WBTD (STM) 1.6 24.1 3.6
WBTD (DP-F) 1.5 21.7 2.4
WBTD (DP-V) 1.4 18.9 0.58

Table 1. The Average Log Spectral Distortion
(AvLSD) and outlier percentages for LSFs modeled
using WBTD and NBTD

Since these results show that NBTD and WBTD achieved the
same average spectral distortion values and similar outlier
percentages, we propose that the TD model is equally suited
to both wideband and narrowband speech. It can also be seen
from these results that WBTD using both DP-F and DP-V
results in a reduction in the AvLSD and number of outliers
compared with WBTD using STM. The AvLSD and number
of outliers for WBTD using DP-V are less than those WBTD
using DP-F. This confirms our proposal that DP-F does not
guarantee the minimum modeling distortion.

5.2. Quantisation of WBTD and NBTD Parameters

The mean squared errors between the original and quantised
event shapes are shown in Table 2 for codebook sizes ranging
from 4 bits to 8 bits. Our results show that event functions
derived using WBTD and NBTD can be quantised using
approximately the same number of bits. This confirms our
postulation in Section 3 that events for both NBTD and
WBTD can be quantised with similar accuracy using the same
number of bits. It can also be observed that event functions
can be accurately quantised in as little as 7 or 8 bits. This
appears reasonable when considering the observation that
event functions show a high correspondence to phonemes [5].
Since there are only a few hundred phonemes, it is reasonable
to expect that only 7 or 8 bits are required to quantise the
event shapes with high accuracy.

MSE (××××10-4)Codebook
Size NBTD WBTD
256 0.5 0.4
128 0.6 0.5
64 0.9 0.8
32 1.5 1.1
16 2.2 2.0

Table 2. The Mean Squared Error (MSE) between the
unquantised and quantised event shapes

Target vectors are modified versions of the LSF vectors.
While detailed quantisation results are not shown, we found
that targets for WBTD required approximately twice as many
bits as targets for NBTD, to achieve similar AvLSD. For
example, NBTD targets quantised with 20 bits had an AvLSD
of 1.6 dB, while WBTD targets quantised at 40 bits had an
AvLSD of 1.5 dB. These results were expected since our
WBTD targets have twice the order as NBTD targets.

5.3. Wideband LSF quantisation: WBTD versus Split VQ

Table 3 compares the AvLSD and outlier percentages for
quantisation of wideband LSFs using both WBTD and Split
VQ for similar bit rates. To minimise modeling distortion, we
used DP-V to locate events in WBTD and increased the event
rates 20.6 event/s. Event shapes were quantised with 8 bits
and target vectors were quantised split VQ with split vectors
of sizes (3,3,4,4,6) and 8 bits per split. For Split VQ at 1000
b/s we trained five 8 bit split codebooks of sizes (3,3,4,4,6)
using the same training data as used for WBTD codebooks.
WBTD (modeled) refers to distortions between LSFs
reconstructed from unquantised and quantised TD parameters
while WBTD (total) refers to distortions between original
LSFs, and LSFs reconstructed from quantised TD parameters.

Quantisation
Method

av. bit
rate

AvLSD
(dB)

3<SD≤5
(%)

SD>5
(%)

WBTD (modeled) 1070 bps 1.3 1.4 0.2
WBTD (total) 1070 bps 1.8 4.6 0.3
Split VQ 1000 bps 2.5 20.4 1.7

Table 3. Average Log Spectral Distortion (AvLSD)
and percentage of outliers for quantised wideband
LSFs using WBTD and Split VQ

In [9] it is suggested that an AvLSD of 1.6 dB with 4% of
outliers in the range 3-5 dB and no outliers greater than 5 dB
produces transparent quantisation. Table 3 shows that
quantisation of LSFs modeled from WBTD at around 1000
b/s easily these requirements. Results also show that total LSF
quantisation using WBTD is close to transparent when
quantised at around 1000 b/s while split VQ at 1000 b/s
introduces significantly higher average distortion and more
outliers.

To investigate the performance of LSF quantisation using
WBTD at other bit rates, Figure 3 shows curves of AvLSD
versus bit rate. Also shown are results for Split VQ. The bit
rate for WBTD was varied by varying the event rate in the
DP-V algorithm. The various bit rates of Split VQ were
obtained by training new split codebooks. We trained 5 split
codebooks with splits (3,3,4,4,6) and sizes ranging from 5 to 9
bits per codebook. We also trained 6 split codebooks with
splits (3,3,3,3,4,4) and sizes of 8 bits.
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Figure 3. Average Spectral Distortion versus bit rate
for WBTD and Split VQ

From Figure 3 we see that transparent AvLSD occurs at just
over 1300 b/s for WBTD and just over 1600 b/s for split VQ.
It can also be seen that the reduction in AvLSD is most
significant at lower bit rates, which makes WBTD most
suitable to low bit rate applications. At higher bit rates, the
performance of WBTD approaches split VQ; we propose that
this is due to the modeling distortion dominating the overall
distortion at the higher rates. However, since our intended
application is for low bit rate LSF coding at around 1 kbps,
this limitation is not a problem.

Informal listening tests indicated that speech synthesised from
LSFs quantised at 1070 b/s using WBTD sounded
significantly better than speech synthesised from LSFs
quantised at 1000 b/s using split VQ. We propose that this is
due to the nature of WBTD, which produces smoother LSF
tracks than LSFs quantised using split VQ. To confirm this
result, Figure 4 shows plots of unquantised LSFs and LSFs
quantised using Split VQ and WBTD at around 1000 b/s.

The tracks resulting from WBTD are significantly smoother
than those obtained from split VQ. This is consistent with the
findings in [10] that more natural sounding speech results
from smooth LSF tracks. Hence, we propose that since
WBTD produces smoother LSF tracks (then e.g. Split VQ),
higher average distortions can be tolerated than those
produced by conventional quantisation techniques.

6. Conclusions

Wideband LSFs can be modeled by TD as accurately as
narrowband LSFs. By implementing an optimised event
location algorithm, we obtained a significant reduction in the
modeling distortion. It was also found that WBTD requires no
increase in transmission bit-rate for event function
quantisation compared to NBTD, while target vectors require
double the bit rate. Overall, wideband LSFs resulting from
WBTD can be quantised at approximately 1 kbps with results
(from spectral distortion measurements) meeting the proposed
transparency requirements suggested in [3]. While total
distortion resulting from LSF quantisation using WBTD is
slightly higher than these requirements, we found speech had
little distortion compared with split VQ at an equivalent bit
rate; we propose that this is due to the smooth nature of the
LSF tracks. Our results show that WBTD is a promising
approach to low bit rate wideband speech compression where
encoding delay can be tolerated.
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Figure 4. LSF tracks: a) unquantised LSFs, b) Split
VQ quantised LSFs, c) WBTD quantised LSFs
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