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Abstract 
Since current Text-to-Speech (TTS) synthesizers are mostly 
based on a technique known as synthesis by concatenation, the 
implementation of a high quality TTS requires huge storage 
space for a large number of speech segments. In order to 
compress the database in the TTS system, the use of speech 
coders would be an efficient solution. Waveform Interpolation 
(WI) has been shown to be an efficient speech coding 
algorithm to provide high quality speech at low bit rates. 
However, its applications are constrained due to the high 
computational complexities. Especially, for the application of 
speech compression for the TTS database, the decoder 
complexity is one of the major factors in order to utilize the 
speech coder in the TTS system. In this paper, we describe an 
approach to the complexity reduction in WI speech decoder, 
which is used for compressing the database of the TTS system. 
The proposed idea is able to reduce the complexity by 
removing the realignment process from the decoder procedure 
in WI. Since the realignment factor obtained in the encoder 
should be transmitted to the decoder in order to realign the 
characteristic waveforms, overall bit rate is slightly increased. 
We can reduce the decoder complexity by 20 percent utilizing 
the new approach to the realignment procedure. 

1. Introduction 
In recent years, various speech coding algorithms has been 
widely used in digital systems such as mobile communication 
systems and digital storage systems for efficient compression 
of the speech signals. Generally, the Code Excited Linear 
Predictive (CELP) coding has been known as one of the best 
algorithms at the bit rates between 8 kbps and 16 kbps. 
Especially, the algebraic CELP algorithm has been widely 
adopted for many standard speech coders such as G.729, 
enhanced variable rate coding, and adaptive multi-rate coder. 
However, the speech quality of these CELP coders degrades 
rapidly at a rate below 4 kbps. 

On the other hand, WI coder classified into a parametric 
coder is able to produce high quality even at below 4 kbps [1]. 
Most researches for the WI coding have been concentrated on 
the narrow band speech coding [2, 3], but recent researches in 
[4] and [5] show its potential of wideband speech applications. 
Although WI is the one of the speech coding algorithms with 
high perceptual quality at low bit rates, it has been used in 
constrained applications due to the reason that WI has a high 
level of complexity. There are some literatures for the low 
complexity WI speech coder [6-10]. In [6], authors proposed 
the use of a closed-loop prototype quantization technique to 

reduce the computational complexity of the decomposition 
process. Their results show that similar speech quality can be 
generated by the closed-loop scheme, but at a significantly 
reduced complexity. The WI coder in [7] provides some 
techniques such as a time-varying waveform sampling rate 
and a cubic B-spline waveform representation in order to 
make the WI coder useful for practical applications in which 
they implemented WI coder on a single DSP by means of 
reducing the computational complexity. Another report in [8] 
presents new approaches to low-complexity WI coding that 
utilizes the advantages of interpolative coding but greatly 
simplifies the analysis and synthesis operations. In [9], 
authors design a new interpolative model by changing overall 
framework of conventional WI speech coders. In the new 
model, complex alignment operation and decomposition of 
the rapidly changing wave and slowly changing wave are not 
needed. So, the overall calculation complexity can be reduced 
with a little quality degradation compared. 

Since most TTS synthesizers are based on a technique 
known as synthesis by concatenation, the implementation of a 
high quality TTS requires huge storage space for a large 
number of speech segments. In order to compress these 
databases in the TTS system, the use of speech coders is an 
efficient solution. Even though there were many reports for 
the complexity reduction in WI speech coders, they were 
concentrated on the reduction of encoder complexity. The 
total complexity of a speech coder is important for the 
application like a communication area. However, for some 
application such as speech compression for the database of 
TTS system, the encoder complexity is not a factor deciding 
the performance of speech coder because the encoder process 
is performed in off-line. In that case, the decoder complexity 
becomes the only important factor of speech coder. In this 
paper, we describe a new approach to the decoder complexity 
reduction in the WI speech coding for the applications like a 
speech synthesis area. The complexity reduction is achieved 
by removing the realignment process from the decoder part, 
which requires huge computational complexity. 

The outline of this paper is as follows. Firstly, we review 
the overview of WI speech coding algorithm in section 2.  In 
section 3, we present a new approach to decoder complexity 
reduction by means of removing realignment procedure in the 
decoder. Then, section 4 provides the experimental results 
and section 5 provides conclusions. 

2. An overview of waveform interpolation 
The waveform interpolation coding has been extensively and 
steadily developed since it was first introduced by Kleijn [1]. 
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The WI coder firstly performs linear prediction (LP) analysis 
once per frame for the input speech. The LP parameter set is 
converted into the line spectral frequency (LSF) for the 
efficient quantization and generally quantized using various 
vector quantization techniques. The pitch estimation is 
performed in the linear prediction residual domain. In the WI 
paradigm, the accuracy of this pitch estimator is very crucial 
to the performance of the coder. There are a variety of pitch 
estimation techniques available. Some of them are based on 
locating the dominant peak in each pitch cycle whereas others 
are based on finding the delay which gives the maximum 
autocorrelation or prediction gain for a frame of samples. 
After the pitch is estimated, WI coder extracts pitch-cycle 
waveforms which are known as characteristic waveform (CW) 
from the residual signal at a constant rate. These CWs are used 
to form a two-dimensional waveform which evolves on a pitch 
synchronous nature. The CWs are usually represented using 
the Discrete Time Fourier Series (DTFS) as follows: 
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where )(/2)( nPmm πφφ == , and  are the DTFS 
coefficients, and  is the pitch value. The extraction 
procedure performed in the LP residual domain provides a 
DTFS description for every extracted CW. Since these CWs 
are generally not time-aligned, the smoothness of the surface 
in the time direction should be maximized. This can be 
accomplished by aligning the extracted CW with the 
previously extracted CW by introducing a circular time shift 
to the current one. Since the DTFS description of the CW 
enables to regard the CW as a single cycle of a periodic signal, 
the circular time shift is equivalent to adding a linear phase to 
the DTFS coefficients. The CWs are then normalized by their 
power, which is quantized separately. The main motivation of 
this normalization is to separate the power and the shape in 
CWs so that they can be quantized separately to achieve 
higher coding efficiency. 
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This two-dimensional surface is decomposed into two 
independent components, i.e., slowly evolving waveform 
(SEW) and rapidly evolving waveform (REW), via low pass 
filtering prior to quantization. The SEW and the REW are 
down sampled and quantized separately. The SEW 
component represents mostly the periodic (voiced) 
component while the REW corresponds mainly to the noise-
like (unvoiced) component of the speech signal. Because 
these components have different perceptual properties, they 
can be exploited to increase coding efficiency in the 
compression. In other words, the SEW component requires 
only a low update rate but has to be described with a 
reasonably high accuracy whereas the REW component 
requires a higher transmission rate but even a rough 
description is perceptually accurate. This property of the CW 
suggests that low pass filtering of the CW surface leads to a 
slowly evolving waveform. The rapidly evolving part of the 
signal can be obtained by simply subtracting the 
corresponding SEW from the CW as following equation: 

),(),(),( φφφ nununu SEWCWREW −=  (2) 

In the decoder side, the received parameters are the LP 
coefficients, the pitch value, the power of the CW, the SEW 

and REW magnitude spectrum. The decoder can obtain a 
continuous CW surface by interpolating the successive SEW 
and REW and then recombining them. After performing the 
power de-normalization and subsequent realignment, the two-
dimensional CW surfaces are converted back into the one-
dimensional residual signal using a CW and a pitch value at 
every sample point, which can be obtained by linear 
interpolation. This conversion process also requires the phase 
track estimated from the pitch value at each sample point. The 
reconstructed one-dimensional residual signal is used to 
excite the linear predictive synthesis filter to obtain the final 
output speech signal. 

3. Decoder complexity reduction method 
In the WI coding, speech is considered as a sequence of 
evolving pitch-length characteristic waveforms. These 
waveforms are sampled at a constant rate and described by 
Fourier series coefficients. In general, these CWs are not in 
phase, i.e., the main features in the waveforms are not time-
aligned. In order to obtain an accurate representation of the 
evolving CWs, an alignment of the CWs should be performed. 
The alignment process aligns the current CW with the 
previous CW by performing a circular time shift to the 
current one.  

In the encoder part, after once the CWs are extracted at a 
constant rate from the LP residual signals, the alignment is 
performed between two successive CWs in order to maximize 
the smoothness of the surface of the CW in the time direction. 
For convenience, we assume that the two successive CWs 
have the same dimension, i.e., 
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where the   is the pitch value and  K is the number of 
harmonics which is the dimension of a CW. Then, we can 
represent a pair of successive unaligned CWs as follows: 
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The alignment is the procedure that searches the optimal 
phase shift value maximizing the cross-correlation between 
the successive two CWs as following criterion: 
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where the cross-correlation  ),( τφinC  is denoted as 
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By using the amount of phase shift Tφ , the alignment is 
performed to align ),( φinu  with ),( 1 φ−inu . Consequently, 
the evaluated aligned characteristic waveform is then 

 ),(),(ˆ Tii nunu φφφ −=  (8) 
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After the CWs are extracted and aligned, their powers are 
normalized. The objective of separating gain from the CW 
vector is that it reduces the pattern of variations in a vector 
and thereby improving coding efficiency. 

In the decoder, after obtaining continuous CWs by 
combining the successive SEW and REW and then de-
normalizing them in power, they are sent to the CW 
realignment process. If the WI coder is operating without 
quantization, this realignment process in decoder is 
unnecessary because the CWs have already been aligned 
previously at the encoder by alignment process. On the other 
hand, if the WI coder parameters are being quantized, the 
successive CWs may no longer be exactly aligned after they 
are decoded. As a result, the realignment, which is the same 
procedure in encoder, should be performed once more in the 
decoder in order to align the misaligned CWs due to the 
quantization noise. However, since the alignment process 
requires a great number of computational complexities, it can 
be a crucial problem for the application such as speech 
synthesis area, in which decoder complexity is a critical 
factor. 

In this paper, we propose a new approach reducing the 
decoder complexity by removing the realignment process 
from the decoder part. The block diagram of WI encoder 
which includes our new approach is shown in Fig. 1.  
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Figure 1. The proposed WI encoder including a new 
approach to obtain the realignment factor 

In this figure, the gray boxes are added to the 
conventional WI speech encoder in order to find a 
realignment factor which will be transmitted and used to 
realign CWs in the decoder part. The operation of 
conventional WI speech encoder is finished by extracting five 
parameters; in general, LPC, pitch value, spectral power, 
SEW, and REW. However, the proposed encoder has some 
overheads to obtain  realignment factor. These operations 
include the SEW and REW decoding, reconstruction of CWs, 
and CW realignment which obtains the realignment factor. 
These procedures are the same one which has to be performed 
in the decoder part. Therefore, CW realignment in the 
decoder does not require any computation to find optimal 
phase shift value. In the encoder, although the complexity is 
much increased to find the realignment factor, it is not an 
important factor because the encoder presented in this paper 
will be operated in off-line. 

4. Experimental results 
For the objective measurement of the effects on realignment 
in the decoder by means of the realignment factor, we adopt 
the average normalized cross-correlation (ANCC) 
measurement as follows: 
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where ),( TinC φ  and ),( TinC ′φ  are the maximum cross-
correlation; the former is for alignment and the latter is  for 
realignment, respectively. If the CWs in the decoder are fully 
realigned, the average normalized cross-correlation value 
becomes one. Table 1 shows the effects on realignment of 
CWs in the decoder by means of the realignment factor which 
is obtained in the encoder part and transmitted to the decoder. 
The shift ranges in table 1 indicate the limited ranges of time 
shift value for the realignment in the decoder.  

Table 1. Variation of average normalized cross-
correlation (ANCC) according to realignment factor  

Bits Shift range ANCC Realigned 

0 0 0.946671 77.45 % 

2 -2 ≤ T < 2 0.962156 91.22 % 

3 -4 ≤ T < 4 0.974175 96.38 % 

4 -8 ≤ T < 8 0.98722 98.56 % 

5 -16 ≤ T < 16 0.99501 99.39 % 

6 -32 ≤ T < 32 0.999057 99.89 % 

 
In this table, when the shift range is equal to zero, i.e., there 
are no transmitted bits from the encoder, the decoder can not 
perform realignment process. Even in this case, 77.45 % of 
CWs are already aligned, but 22.55 % of CWs are misaligned 
due to the quantization error. For another case, when shift 
value is equal to eight, the realignment is carried out by the 
transmitted realignment factor of 4 bits and results in the 
realignment of 98.56 % CW. If we can use 5 bits for the 
transmitting the realignment factor, available shift range is 
±16. In this case, we can realign the CWs of 99.39 % by 
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means of realignment factor without performing realignment 
process. In that case, if frame length is 25 msec, bit rates is 
increased by 0.2 kbps. 

For the specific implementation of the WI coder in this 
paper, the decoder complexity is provided in Table 2. The 
complexity in this table is theoretical estimates and takes into 
account only the multiplication operation. 

Table 2. Computational complexity for the specific 
WI decoder 

Procedure Complexity Numeric 
Ex. 

Realignmen
t 

K x 6M x L 159,840 

Power deno-
rmalization 

K x 1M x Nsub 2,368 

Phase  
estimation 

2M x Nsub x Ssub 640 

Instantaneo-
us pitch 

2M x Nsub x Ssub 640 

Reconstruct 
LP residual  

K x 4M x Nsub x Ssub 189,440 

LSF to LPC P x (2M x P/2) x ∑  x Nsub 
=

P

i

i
1

443,232 

LP synthesis P x 1M x Nsub x Ssub 5,760 
 
In this table, K is the number of harmonics which is equal to 
the CW’s dimension, L is the length of the normalized CW, P 
is the order of LP synthesis filter, and M means multiplication. 
Nsub and Ssub are the number of subframe per frame and the 
size of each subframe, respectively. The complexity of the 
realignment procedure can be calculated approximately by Eq. 
6 and 7. If the normalized CWs are 180 samples long and the 
dimension is the maximum value of 148, the complexity for 
the realignment procedure becomes 180 x 148 x 6 = 159,840 
multiplications since one cross-correlation in Eq. 7 requires 
six multiplications. In Table 2, the numeric example is 
calculated for the case: K = 148, L = 180, P = 18, Nsub = 8, 
Ssub = 40. As shown in this table, the complexity of the 
realignment occupies about 20 percent of the total decoder 
complexity. Consequently, we can reduce the 20 percent of 
the decoder complexity by utilizing the new approach for the 
realignment procedure of CWs. 
 

5. Conclusions 
We present a new method to reduce the computational 
complexity in WI speech coder. The complexity reduction is 
achieved by removing the realignment process from the 
decoder part. Instead of removing the realignment from the 
decoder, the encoder should obtain the realignment factor and 
transmit to the decoder. Consequently, the bit rate is slightly 
increased due to the realignment factor. However, this method 
has a benefit for some applications like a speech synthesis 
area where the decoder complexity is a crucial factor because 
the decoder is performed in on-line while the encoder is 
performed in off-line. 
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