
Model Based Analysis of a Diphone Database for Improved Unit 

Concatenation 

Karl Schnell, Arild Lacroix 

Institute of Applied Physics, Goethe University Frankfurt 

Max-von-Laue-Straße 1, D-60438 Frankfurt am Main, Germany 
{Schnell, Lacroix}@iap.uni-frankfurt.de 

 

Abstract 

One crucial point of concatenation approaches using diphones 

is to handle the discontinuities between the concatenated units. 

This problem is treated by a suitable analysis of the diphones 

for a parametric synthesis. The model of the parametric 

synthesis is the lossy tube model, which is an extension of the 

standard lattice filter considering frequency dependent vocal 

tract losses. The parameters of the tube model are estimated 

from diphones by an optimization algorithm. The 

discontinuities of the model parameters at the diphone joints 

decrease the quality of the synthesis results. To reduce the 

mismatch of the parameter configurations at the diphone 

boundaries a specific analysis of a diphone database is 

proposed, analyzing each diphone with respect to other 

diphones containing the phonemes of the respective diphone. 

The parameter mismatches at the diphone joints are reduced 

improving the concatenation results considerably. 

1. Introduction 

Two completely different approaches for speech generation are 

concatenation of speech units and model based synthesis. The 

concatenation approach has the focus on the speech signal 

itself whereas the model based approach emphasizes the 

speech production mechanism. The benefit of the use of 

speech units for the concatenation approach is their 

naturalness. The advantage of the use of an speech production 

model is its flexibility. Our proposal combines elements of 

both approaches using a speech production system, which is 

controlled by estimated parameters from speech units leading 

to a data-driven and model based approach. In this 

contribution an extension of the standard lossless tube model 

is used improving the acoustic modeling of the speech 

production system considering loss effects. This lossy tube 

model is proposed in [1]. In [2] resynthesis of voiced speech 

by the lossy model and an example of a concatenation is 

treated. The subject of this contribution is the realization of a 

parametric synthesis by the analysis and concatenation of 

diphones based on lossy tube models. Of special interest is the 

reduction of mismatches at diphone boundaries. This is a 

known problem, which can be handled by transitions of 

parameters like LSF, however, not always successfully [3].  

 

2. Tube model 

The standard lossless tube model consists of tube elements 

realized by lossless delays 1z−  only and adaptors describing 

the area discontinuities; the tube termination at the lips is 

realized by a reflection coefficient 1± . In contrast to the 

lossless model in this contribution a lossy tube model is used 

considering losses by radiation at the tube termination. 

Furthermore the frequency dependent loss effects of the 

vibrating walls, viscous friction, and heat conduction within 

the vocal tract are modeled by lossy tube elements including a 

lossy delay ( )zϑ  instead of 1z−  in the lossless case. ϑ  is 

realized by a pole-zero filter: 
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The coefficients of ϑ  are obtained by an optimization with 

respect to the mentioned loss effects [1]; the coefficients in (1) 

are determined for a sampling rate of 16 kHz instead of the 

values in [1, 2] for a sampling rate of 22 kHz. The lossy delays 

are placed alternately in the upper and lower path of the signal 

flow graph of the lossy tube model depicted in fig. 1. The 

reflection coefficients ( )r i  can be transformed into the areas 

by ( 1) ( ) (1 ( )) (1 ( ))a i a i r i r i+ = ⋅ − + .  

 

Figure 1: Flow graph of the lossy tube model for synthesis. 

 

For the synthesis power waves are chosen as wave quantities 

determining the adaptors in fig. 1. The termination ( )L zα ⋅  at 

the lips is realized frequency dependent by the pole-zero lip-

impedance model from Laine with the lip opening area lipA  as 

parameter [4]; α  is an additional real damping factor. The 

termination of the tube model at the other end is reflection free 

since a fixed termination at the glottis has the disadvantage 

that the vocal tract length has to be estimated. The tube model 

consists of N=24 tube elements and a configuration of the tube 

model is described by the vector T( (1), (2), (24))r r r=r …  of 

reflection coefficients. Since for a sampling rate of 16 kHz the 

vocal tract typically consists of about 17 tube elements, more 

tube elements are available as necessary. Therefore the first 

reflection coefficients can model the constriction of the glottis. 

2.1. Parameter estimation of the lossy tube model 

For the synthesis with the lossy tube model the reflection 

coefficients are estimated from speech signals whereas the 

parameters of the lossy delays and the termination ( )L zα  are 

constant for the analysis. To eliminate the effect of the 

10
.2

14
37

/I
nt

er
sp

ee
ch

.2
00

5-
80

6



excitation and radiation on the spectral envelope, the speech 

singal s is filtered by a repeated adaptive preemphasis which is 

realized by the Burg method of first order. Then the reflection 

coefficients of the lossy tube model are estimated from the 

filtered speech signal s′  by minimizing the error  
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describing a spectral distance between the magnitude response 

|H| of the lossy tube model and the spectrum | S′ | of the filtered 

speech signal. The error e is minimized by the method of 

steepest descent. After each iteration of the optimization 

algorithm the reflection coefficients are bounded in a way that 

the absolute values are smaller than one. The estimation 

procedure is explained in detail in [1]. 

3. Analysis of diphone-database 

The analyzed diphones sampled at 16 kHz are from the 

diphone database de1 for German uttered by a female speaker. 

The speech sounds of the diphones are categorized in voiced 

sounds, unvoiced fricatives, which are analyzed by the lossy 

tube model, and the remaining sounds. For the analysis the 

diphones are segmented in overlapping segments. They are 

marked pitch synchronous at zero crossings and consist of 

about five periods in the case of voiced speech whereas in the 

case of unvoiced fricatives the segment length is constant. The 

segments are filtered by a repeated adaptive preemphasis 

firstly. The preemphasis is adapted for each segment in 

contrast to the approach in [2], where the preemphasis is 

processed for the whole voiced or unvoiced speech parts. After 

the calculations for the preemphasis, the preemphasis 

coefficients are averaged among adjacent segments yielding a 

smooth development of the preemphasis coefficients from 

segment to segment. This smoothing is necessary since 

fluctuations of the preemphasis coefficients affect the speech 

quality unfavorably. After applying the preemphasis each 

filtered segment is weighted by a Hann-window for the 

analysis. The termination ( )L zα ⋅  is constant for all diphones 

with 2.5lipA = cm² and 0.96α = . The reflection coefficients 

for each segment of the diphone can be estimated by the 

optimization algorithm starting from a neutral configuration 

with reflection coefficients equal to zero. If each frame is 

analyzed independently the resulting coefficients fluctuate 

slightly from segment to segment. However, a smooth 

trajectory of the reflection coefficient vectors is favorable for 

the quality of the synthesized speech. For that purpose after a 

number of iterations during the optimization the current 

coefficients of the segments are averaged with the coefficients 

of the adjoining segments. 

 

3.1. Adjustment of the boundary configurations 

Since the diphones of the database are obtained from different 

utterances the spectral envelopes of boundary regions, which 

represent identical phonemes, vary from diphone to diphone. 

Hence, the estimated area configurations of these boundary 

regions vary, too. The problem of the discontinuities at the 

diphone joints can handled by transitions of model parameters 

during the synthesis leading often to good results, however, 

not in all cases. The variations of the boundary area 

configurations can be reduced by a specific analysis of the 

diphones using the fact that the estimation results depend on 

the starting configuration of the optimization algorithm. 

 

3.1.1. Two-stage analysis of the diphones 
In the first analysis the diphones are analyzed independently 

with a starting configuration of the optimization algorithm 

with reflection coefficients equal to zero. As a result of the 

first analysis averaged configurations for each phoneme are 

obtained and are used for the starting configurations of the 

second analysis. A normalized configuration of one sound is 

determined by the mean of all boundary configurations 

representing the respective sound. The mean is calculated  in 

the domain of the logarithmic areas explained in the following 

with the phoneme variable {/ /, / /, / / }a i sθ ∈ … . { }1i
θr  is the 

set of the reflection coefficient vectors estimated by the first 

analysis of all boundary configurations representing the 

phoneme θ ; the index i represents different diphones. The 

reflection coefficients of the vectors are transformed into the 

logarithmic areas  1 1log( )i i
θ θ→r a . Then the mean 

{ }( )1 1

meanlog( ) = mean log( )i
θ θa a  is calculated and transformed 

back into the reflection coefficients 1 1

mean meanlog( )θ θ→a r . The 

configurations 1

mean

θr  are used as start configuration for the 

optimization algorithm of the second analysis for segments 

representing the phoneme θ . The different boundary 

configurations are assigned by i

θ λr   with 1λ =  for the first 

and with 2λ =  for the second analysis respectively. To obtain 

a continuous transition at the joint between the starting 

configurations for the second analysis, e.g. as in the case of the 

diphone /j-a/  the starting configurations / / 1

mean

jr  and / / 1

mean

ar  are 

multiplied by a factor which is one for segments at the 

boundaries of the diphone and zero at the joint of the two 

sounds within the diphone; the factor is linearly evaluated in 

between these positions. 

To assess the improvement by the second analysis, the 

variances of the boundary configurations are calculated which 

is performed in the domain of the log area ratios (LAR). The  

LAR parameters are favorable for this task.  
T

( (1), (2), (24))γ γ γ=γ …  represents a vector of LAR 

coefficients with ( ) log((1 ( )) (1 ( )))k r k r kγ = + − . The 

reflection coefficients of the configurations are transformed 

into the LAR i i

θ λ θ λ→r γ   and the mean mean imean({ })θ λ θ λ=γ γ   

is calculated. After that the variance vector 2

θ λσ   can be 

calculated: 

                    ( )
( )

2
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1

M

M
i

θ
θ λ θ λ

θ λ θ
=

= ⋅ −∑σ γ γ  .                       (3) 

( )M θ  represents the number of existing boundary 

configurations in the diphone database for the phoneme θ ; 

typically the number M for the phonemes is about 50. 

Eventually the mean 2

θ λσ  of the variance values of the vector 

2

θ λσ  is calculated by 
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( )

i
iθ λ θ λσ σ

=
= ∑ . Table 1 shows the 

variances 2

1θσ  of the first analysis and 2

2θσ  of the second 

analysis of the boundary configurations for a number of 



phonemes θ  of the database; the smaller the variance the 

better is the adjustment of the boundary configurations. It can 

be seen that the second analysis improves the adjustment 

significantly for each phoneme; the averaged variances of all 

phonemes is 0.33 for the first analysis and 0.156 for the 

second analysis. The variances are approximately halved by 

the second analysis. The adaptive preemphasis for all 

segments has a minor effect on the variances in comparison to 

the second analysis. If the preemphasis is calculated for the 

whole voiced and unvoiced parts of the diphones, the 

averaged variances of all phonemes are 0.352 for the first 

analysis and 0.178 for the second analysis. Fig. 2 shows for 

different diphones the variations of the boundary 

configurations of the vowel /E/. It can be seen that the 

estimated area configurations of the first analysis in 2(a) vary 

significantly more than the estimated area configurations of 

the second analysis in 2(c). The corresponding magnitude 

responses of the area configurations are show in 2(b) and 

 

 
 

Figure 2: Four boundary configurations of different diphones 

for vowel /E/ of the first analysis in (a), (b) and of the second 

analysis in (c), (d). Logarithmic areas are shown in (a), (c) and 

the corresponding magnitude responses of the tube model in 

(b), (d). The area configuration in (a) and (c) at the bottom 

represents the mean areas for vowel /E/ (dashed line).  

Table 1: Variances of the boundary configurations 

representing same phonemes in LAR obtained by the first 

and second analysis; notation of phonemes in SAMPA 

(not all phonemes of the database are contained in the 

table).  

θ  2

1θσ  2

2θσ  θ  2

1θσ  2

2θσ  

/a/ 0.18 0.10 /j/ 0.44 0.25 

/i:/ 0.41 0.16 /v/ 0.28 0.20 

/E/ 0.27 0.13 /m/ 0.37 0.19 

/O/ 0.26 0.13 /@/ 0.30 0.16 

/u:/ 0.48 0.20 /z/ 0.36 0.21 

/I/ 0.38 0.22 /f/ 0.17 0.13 

/aU/ 0.20 0.10 /C/ 0.45 0.13 

   

2(d). Additionally in fig. 2(a) and (c) at bottom 

the { }( )1mean log( )E
ia  is shown. It can be seen that the changes 

in the magnitude responses by the second analysis are less 

than the changes in the area configurations. The introduction 

of the vocal tract losses into the model is favorable for this 

effect. The slight modifications of the magnitude responses 

preserve coarticulation effects of the diphones. For many 

sounds the estimated areas are comparable with areas obtained 

from NMR or X-ray analysis from the literature. A 

constriction near the glottis can be often observed for vowels 

and vowel-like sounds which can be seen better in the 

individual boundary configurations as in the averaged area 

configurations. The constriction within the vocal tract for 

fricatives and other consonants can be seen in most cases from 

the estimated areas. The estimated areas of the three nasals are 

roughly comparable and can be interpreted as the cavity of the 

nasal tract. Fortunately the use of the unbrunched tube model 

for the nasals causes no problems for the synthesis, although 

this is a simplification of the actual branched tube system in 

case of the nasals. 

4. Synthesis by diphone concatenation 

For the synthesis of the diphones the estimated configurations 

of the diphone segments are used one after the other; in 

between the configurations are interpolated. A configuration 

for the synthesis with the lossy tube model consists of a vector 

of logarithmic areas, the preemphasis coefficients, and a power 

value. For the synthesis of arbitrary utterances the 

configurations of the diphones are concatenated. To smooth 

the discontinuities at the joints of the diphones a linear 

transition of the logarithmic areas is performed including a 

number of adjacent configurations; the transition of the 

preemphasis coefficients is carried out in the domain of the 

LAR. The voiced excitation of the lossy tube model consists of 

an impulse train plus additional high-pass filtered noise 

considering the unperiodic part of the phonation. The 

fundamental frequency can be easily adjusted since the 

excitation is independent from the analyzed speech. The 

excitation for the unvoiced fricatives consists of white noise. 

The unvoiced and voiced excitation is filtered by a system 

with real poles determined by the preemphasis coefficients. 

Then the filtered excitation is the input of the lossy tube 

model. Although the excitation is simple in the case of voiced 

speech the resulting speech quality is rather good. The 

duration of the sounds can be easily adapted to the new 

utterance by omitting or doubling of configurations. 



Nonstationary speech signals like the burst of the unvoiced 

plosives are realized by their waveforms.  

 

4.1. Diphone Concatenation 
 

Figure 3 shows a part of the concatenation of the diphones /b-

o:/ and /o:-f/. At the diphone joint a transition of the 

logarithmic areas and the preemphasis coefficients is 

performed extending over few configurations. The diphone 

joint represents the stationary part of the vowel /o:/ and should 

be as smooth as possible. The resulting magnitude responses 

of the area configurations and the corresponding synthesized 

speech signals in the region of the diphone joint are shown in 

fig. 3. The results are produced by a diphone concatenation 

with the area configurations of the first analysis and second 

analysis respectively. The transition at the joint of the diphone 

boundary configurations should link the formants. The 

assignments and movements of the formants between the two 

boundary configurations can fail sometimes, which is shown 

in fig. 3 (a) by the use of the first analysis. In contrast to this 

failure fig. 3 (b) shows that the transition between the 

diphones in the vowel /o:/ is successful with configurations of 

the second analysis. The synthesized speech signal of the 

diphone concatenation in fig. 3 (c) shows artifacts by the use 

of the first analysis. The synthesized signal by the use of the 

second analysis shows an undisturbed transition between the 

two diphones. The advantage of the second analysis is evident 

for the concatenation. The improved concatenation results are 

caused by the fact, that the parameter configurations of the 

second analysis are less changed for the transition from one 

diphone to the other than the configurations of the first 

analysis. The minor changes of the area configurations of the 

second analysis result from the adjustment of the boundary 

configuration (see table 1). Synthesized examples show that 

time domain artifacts are almost removed and the formant 

movement at the diphone joints is improved significantly by 

the consideration of the second analysis. These consequences 

of the second analysis for the diphone concatenation improve 

the quality of the synthesized speech. 

5. Conclusions 

For a parametric synthesis based on the lossy tube model a 

diphone database is analyzed, resulting in parameter 

configurations for each diphone. The mismatch of the diphone 

boundary configurations can be reduced significantly by a 

second analysis and slightly by an adaptive preemphasis for 

each segment. The second analysis uses averaged logarithmic 

area configurations from each sound for the starting 

configurations of the estimation algorithm. The effect of these 

starting conditions of the optimization is that the model 

parameters at the diphone joints are closer whereas the 

magnitude responses are affected in minor grade only. The 

adjustment of the diphone boundary configurations is 

advantageous for diphone concatenations leading to improved 

synthesis quality.  
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Figure 3: Concatenation of diphones /b-o:/ and /o:-f/: 

Magnitude responses of diphone joint (a) with configurations 

of the first analysis and (b) with configurations of the second 

analysis; corresponding synthesized time signals of diphone 

joint (c) with configurations of the first analysis and (d) with 

configurations of the second analysis. Diphone joint represents 

the stationary part of vowel /o:/. 
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