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Abstract
This paper presents a measure that scores various aspects

of phone quality. The measure is designed to penalize phone
instances with one or several characteristics that are not de-
sirable in concatenation-based speech synthesis. Depending on
the phone type, these aspects amongst others include spectrum,
phase, fundamental frequency, duration, voicing and plosive
quality. We applied this quality measure to select diphone sets
from four different speech databases and demonstrate the qual-
ity of these diphone sets by means of synthesis examples. The
quality of these examples showed that the proposed measure can
be applied to select a high-quality diphone set from a speech
database.

Index Terms: speech synthesis, phone quality measure

1. Introduction
In concatenative speech synthesis, corpus generation still in-
volves tedious manual or semi-automatic selection of units. In
diphone synthesis, the segments for a diphone set are either se-
lected manually from a speech database or extracted from des-
ignated diphone carrier words with one or two diphones em-
bedded in one carrier word (see [1]). In the same way, creat-
ing a unit selection voice involves manual work in the post-
processing of speech recordings to identify low quality seg-
ments, labeling errors or pronunciation variants.

This demand for manual work is due to the lack of a qual-
ity measure that could help to decide which phone segments are
appropriate to be selected. Automatic phone quality judgement
for corpus creation was only considered to a small extent so
far. In [2] the best diphone variant is selected using the cepstral
distance between the two semi-diphones and the corresponding
phone centroids as the only automatic measure. Unit selection
does not directly consider the quality of the selected units in
their target costs during synthesis, because no acoustic proper-
ties for the target units are known. Phone quality is considered
only indirectly through the concatenation costs (see [3]), which
are high for spectral discontinuities. Various measures to detect
these discontinuities were proposed in [4] and [5].

In this paper we present a phone quality measure that has
been designed to automatically select diphones from a speech
database. For each diphone the following criteria are important:

1. The two involved phones must be heard as clearly artic-
ulated and unambiguously identifiable instances of these
phones.

2. The signal of the phones has to be suitable for prosodic
modification (e.g. by means of PSOLA, see [6]) without
impairing the perceived speech quality.

3. The chosen diphones can be concatenated without audi-
ble artifacts at the concatenation points.

Our phone quality measure can not only be used for diphone
selection but for concatenation synthesis in general. We applied
it here in the context of diphone synthesis because the high
number of concatenation points immediately points to possible
weaknesses of the method.

The phone characteristics assessed by the quality measure
will be outlined in the next section. The phone quality measure
as a combination of these characteristics will be described in
Section 3. Section 4 will describe the application of this mea-
sure to the automatic extraction of a diphone set. Section 5 will
describe our experiments and the results. Concluding remarks
will be given in Section 6.

2. Phone quality aspects
Several aspects contribute to the overall subjective impression
of the quality of phones. The set of aspects depends on the type
of a phone, e.g. if the phone is voiced or unvoiced, or if it is plo-
sive or stationary. In the following, the aspects that are relevant
for the quality of phones, especially in the context of diphone
synthesis, will be described. For each of these aspects we will
present features to score that aspect. Since phone quality is as-
sessed in the context of diphone selection, we want to assign
no or a very small penalty value (less than 1) to a phone if the
aspect under consideration is within a certain limit that is ac-
ceptable from a perceptual point of view, and a high penalty
otherwise. This concept is reflected in the various power values
that are used in the computation of these penalties. To obtain
one value for the overall quality of a phone, the sum of these
penalties is taken as described in Section 3.

Several aspects of phones depend on features such as dura-
tion, fundamental frequency (F0) and pitch marks. The extrac-
tion of these features is not presented in this paper. For the seg-
mentation of speech signals into phones we used the fully auto-
matic method described in [7]. F0 detection and pitch marking
are described in [8] and [9]. For the F0 detection a frame shift
of 5 ms and a frame size of 50 ms was used.

2.1. Spectral characteristics

Spectral properties play a crucial role in assessing the quality
of phones, in particular of stationary ones. In the context of di-
phone synthesis we are not only interested in excluding phone
instances that are not unambiguously identifiable but also in-
stances that are not typical for this phone as pronounced by a
certain speaker. In other words, we need a score that penalizes
inaccurately pronounced phones as well as untypical ones.

We score the spectral appropriateness of phone instances
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using the cepstral distance between the frames of the consid-
ered phone instance and the corresponding phone centroid, i.e.,
an average typical cepstrum of that phone. This phone centroid
is computed iteratively. First, the initial centroid is computed by
averaging the cepstral vectors of all frames of all instances of
the considered phone. Then the iteration is as follows: For each
phone instance, a weighted sequence of five frames (covering
a total length of 60 ms) with minimal cepstral distance to the
current centroid is determined, and a new centroid is computed
by taking the average of all these minimum-distance frame se-
quences. This step is repeated until convergence occurs or a
maximum number of iterations is reached.

To describe the cepstra we have found MFCCs most suit-
able. As distance measure we used the Euclidean distance be-
tween the 12-dimensional cepstral vectors whereby the zeroth
cepstral coefficient was neglected.

From listening experiments we found that phone instances
with a distance h < 8 from their corresponding centroid still
are perceived as very clear. Therefore we designed a function
that strongly penalizes phones with higher distance values:

P (h) = exp(0.4(h− 8)) (1)

2.2. Phase characteristics

For some speakers it can be observed that instances of the same
phone have very diverse waveforms although they sound simi-
lar and the cepstral distance between them is quite small. This
diversity can be attributed to a considerable difference between
the phases of these phones. If such phones happen to be con-
catenated, an artifact may be clearly audible from the resulting
signal. An example of such a case is shown in Figure 1.

A similar effect may be caused by erroneous pitch marks.
E.g. for a nearly sinusoidal speech signal it is not always clear
if the pitch marks have to be set at the energy maxima that co-
incide with the positive or with the negative maxima of the fun-
damental wave (see also [8]).

Both these problems can be detected from the position of
the pitch marks relative to the phase of the fundamental wave.
If this phase value ϕ for a phone instance differs consider-
ably from the average phase value μϕ over all instances of that
phone, one of the above mentioned cases applies and this phone
instance should be penalized. With the phase values expressed
in radians, we apply the following penalty function:

P (ϕ) = (3 · (ϕ− μϕ))4 (2)

2.3. Fundamental frequency characteristics

If PSOLA-based fundamental frequency (F0) and duration
modification is applied to speech segments that are to be con-
catenated, the F0 characteristics of these segments may cause
several issues. If the F0 at the end of one speech segment de-
viates considerably from the F0 at the beginning of the next
segment that is going to be concatenated, the degree or even the
direction of F0 modification required to realize a smooth con-
tour changes abruptly at the concatenation point. Furthermore,
speech segments with rapidly rising or falling F0 are not suited
to be transformed into segments with constant F0 or even with
an opposite direction of F0 movement.

To account for these effects, we have defined two penalties.
The first one penalizes phones with a fundamental frequency
that considerably deviates from μf , i.e. from the mean value
over all instances of that phone:

P1(F0) = (10 · |f − μf |)3 (3)
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Figure 1: Artefact at around 95 ms in a speech signal resulting
from the concatenation of the diphones [tY] and [Y5] (top) and
the corresponding fundamental waves (bottom). It can be seen
that the pitch marks in [Y] of the left diphone have been set
near the positive maximum of the fundamental wave, whereas
they are near the minimum in [Y] of the second diphone.

Note that the logarithm of F0 is used, which makes the for-
mula equally valid for male and female voices. Therefore, the
mean F0 value over all N frames of a phone instance is f =
1
N

P
n(log F0(n)).

The variation of F0 within a phone instance is expressed
with the temporal derivative and results in the penalty

P2(F0) = exp(200(f ′−μf ′+σf ′))+exp(100(f̂ ′−μf̂ ′+σf̂ ′)) ,
(4)

where f ′ = 1
N

P
n | log F0(n) − log F0(n−1)| is the mean

absolute derivative of the F0 of this phone instance and μf ′ and
σf ′ are the mean and standard deviation of f ′ over all instances

of that phone. Similarly, f̂ ′ is the mean over the highest 25 %
of the components that contribute to f ′, and μf̂ ′ and σf̂ ′ are

the mean and standard deviation of f̂ ′ over all instances of that
phone.

2.4. Duration characteristic

In concatenation synthesis, longer phones are preferred over
shorter ones since, generally, shortening impairs the quality
much less than lengthening. However, in automatically seg-
mented speech signals, phone instance durations that are much
higher than the average phone duration may originate from seg-
mentation errors. The following function accounts for both of
these aspects:

P (d) = 10 · | log d− (μd + σd)|3 (5)

This function prefers phones that are one standard deviation σd

longer than the mean duration value μd. Note that durations are
in seconds and are used in the log domain, i.e. the mean duration
of J phone instances is μd = 1

J

P
j log dj with j = 1 . . . J .

2.5. Voicing characteristics

In the context of speech synthesis, voicing has two aspects.
First, breathy vowels are not desirable because they do not
sound clear, and second, irregularly pitched speech is prob-
lematic for prosodic modification with PSOLA. Therefore, we
want to penalize voiced stationary phones with these proper-
ties. As features we used the output of the frame classifier pre-
sented in [9], that decides if speech frames are voiced, unvoiced
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or mixed and distinguishes between regularly and irregularly
pitched frames. The number of mixed frames Nm and the num-
ber of irregularly pitched frames Ni of a phone with N frames
are considered in the penalty function as follows:

P (v) = 20
Nm + Ni

N
(6)

2.6. Characteristics of plosives

The most important characteristic of plosives is the burst, i.e.
the sudden air flow after the release of the closure. The burst
has to be strong enough to be clearly identified. This can easily
be detected from the short-term power of the speech signal.

In some languages (e.g. in German), correct pronunciation
requires to articulate unvoiced plosives either with or without
aspiration, depending on the context. Therefore we created a
method to decide from the speech signal which plosives are as-
pirated and which ones are not. We used this information to
correct the labels of aspirated and non aspirated plosives if nec-
essary.

From phonetics it is known (see e.g. [10]) that unvoiced
plosives with a voice onset time (VOT) greater than some 50 ms
are clearly heard as aspirated, whereas no aspiration is heard if
the VOT is less than 20 ms. To assess the aspiration of unvoiced
plosives we have to detect the release point and the start of voic-
ing. This is illustrated in Figure 2. The release point, which is
the boundary between the closure and the burst, is determined
by looking for the point of maximum increase of the energy in
the band from 2 to 8 kHz (see [11, 7]).

The start of voicing is detected from the intensity of the
fundamental wave. The fundamental wave for a sample i of a
signal x(·) is computed as follows:

f(i) =

P
j x(j) · w(j − i)P

j w(j)
, (7)

where w(·) is a Hamming window of length T0 = 1/F0. The
convolution of the speech signal with a Hamming window of
length T0 corresponds to a low-pass filter with a cut-off fre-
quency of F0 and zeros at the harmonics. Because a T0 contour
as it results from the optimization described in [9] is specified
with one value per frame, it has to be interpolated to obtain a
T0 value for each sample of the speech signal. The intensity of
fundamental wave is then computed as follows:

e(i) =

s P
j [f(j) · u(j − i)]2P

j u(j)
, (8)

where u(·) is a Hamming window of length 2T0 centered at
0. From this intensity curve the start of voicing is detected by
means of a threshold that depends on an estimate of the speech
loudness. Finally, the difference between the start of voicing and
the release point yields the required VOT.

2.7. Signal intensity

In natural speech, the signal intensity varies considerably even
between instances of the same phone. In order to avoid that con-
catenated diphones produce phones with very different intensity
in the first and the second half, we penalize stationary phones
with a short-term signal intensity g that differs more than 6 dB
from the average intensity μg over all instances of this phone:

P (g) = (0.2 · (g − μg))4 (9)
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Figure 2: Estimation of the VOT in a speech signal (top plot)
with the phones [ta<i]. The fundamental wave is shown in the
middle plot. The maximum energy change curve (dashed, bot-
tom plot) defines the release point at 10 ms. The intensity of the
fundamental wave (bottom plot) crosses the threshold at 68 ms.
Therefore, the VOT is greater than 50 ms and the unvoiced plo-
sive is considered to be aspirated.

3. Phone quality measure
From the above described scores that penalize various phone
aspects individually, an overall score has to be derived. As al-
ready mentioned, the set of aspects to be applied depends on
the type of phone. This is not a problem, because in the con-
text of diphone selection we only have to compare instances
of the same phone and not arbitrary phones. Furthermore, the
overall score does not have to represent an absolute or even in-
terpretable value. The overall score is only needed to rank in-
stances of the same phone.

As overall score we used the sum of the penalties resulting
from the functions given in Section 2. No normalization of these
penalties was applied as the penalty functions are designed in
such a way that the limits of acceptability for each aspect that
the penalty functions describe range around the same value.

For the development of the penalty functions we used an
interactive tool, which allows diphone instances to be selected
from a ranked list and to be used in synthesis. Each diphone can
be played in different contexts to subjectively judge its qual-
ity, not absolutely but only with regard to the rank order. In
this way, we were able to identify aspects that strongly influ-
ence synthesis quality and therefore had to be integrated into
the phone quality measure.

4. Automatic extraction of a diphone set
Given a speech database, i.e. a sufficiently large collection of
recorded sentences and the corresponding text, the automatic
process for diphone extraction comprises the following steps:

1. Phonetic transcription: The phonetic transcription of the
text is generated with the SVOX speech synthesizer. This
synthesizer allows for various types of outputs, amongst
others a phonological transcript that includes the pho-
netic transcription of the words augmented with abstract
prosodic information such as syllable stress level and
phrase boundaries.
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2. Segmentation into phones: Based on the phonetic tran-
scription, a fully automatic HMM-based segmentation of
the speech signals is performed as described in [7].

3. Definition of diphone set: The list of all phone transi-
tions in the recordings is extracted from the segmenta-
tion. Note that this list cannot be compiled from the pho-
netic transcription, because only after the segmentation
we know which words are separated by pauses. In these
cases there is no direct transition from the last phone of
a word to the first phone of the next word.

4. Computation of phone scores: The scores of all phone
segments are computed as described above.

5. Computation of diphone scores: The score of a diphone
is based on the score of the respective phone instances.
We used the sum of the phone scores as a diphone score.

6. Setting diphone boundaries: A diphone boundary, which
should be somewhere in the middle of a phone, is de-
fined as the point with minimal cepstral distance from
the corresponding phone centroid. We have found that
for robustness reasons the distance measure has to con-
sider several weighted frames. This method is applica-
ble only for stationary phones. For plosives the diphone
boundary is set right before the release point.

Finally the best-scored instance of each diphone is extracted
from the speech signals.

5. Evaluation
We applied our diphone extraction method to four speech
databases: two English and two German, where for both lan-
guages there was a male and a female one. These databases
contained sentences of various length. The overall length of the
speech signals were 150 minutes for the female German and the
male English database, 85 minutes for the female English and
45 minutes for the male German one. From these four databases
we created diphone sets in a fully automatic way as described
in Section 4.

In order to assess the quality of the resulting diphone sets,
we used them to synthesize example sentences. In order to ex-
clude possible artifacts in the synthesized speech signal that
may originate from weaknesses of other components of the syn-
thesis system, e.g. from prosody control, we synthesized the ex-
ample sentences as follows. We selected a small set of sentences
from each of the four databases. Note that these sentences were
excluded from the above described diphone extraction. From
these sentences we extracted the prosody, i.e. the durations and
the F0 values of the phones. This allowed us to use diphone con-
catenation to generate synthetic speech with natural prosody.

The results from this experiment were as follows: The ex-
ample sentences produced with the female German and with the
female English diphone sets showed very little distortion and
sounded quite natural. More distortions were audible in some
of the examples from the male English diphone set, others were
virtually free of defects. The example sentences from the male
German diphone set showed more defects than those from the
other three diphone sets, possibly because the size of the male
German database, which contains only 45 minutes of speech, is
rather limited.

We demonstrate our results by means of examples on the
web at http://www.tik.ee.ethz.ch/spr/test sentences/.

6. Conclusion
The quality of the synthesis examples shows that our proposed
phone quality measure can be applied to select a high-quality
diphone set from a speech database. As a consequence, tedious
manual work in the creation of such diphone sets can largely
be eliminated. We believe that other synthesis methods can also
benefit from our phone quality measure. In unit selection, the
phone quality measure may be used as a criterion in database
pruning to reduce the size of the system, and in the selection
step as an additional feature for the target costs of candidate
units.

One limitation of our approach is that the penalty functions
for the phone characteristics are motivated by acoustic inspec-
tion, and in addition taking the sum of the penalties may not
entirely represent the perceptual impression. Future research
could aim at replacing these penalty functions by a machine
learning approach to weight the features and combine them in a
non-linear way. However, the approach to create an appropriate
data set for the training of this classifier is not obvious.
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