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Abstract
This paper presents high-level strategies for controlling emotional speech morphing algorithms. Emotion morphing is
realized by representing the acoustic features in their timefrequency plan that is warped and modified to generate natural
morphed emotional speech. These acoustic features are desirable to be decomposed into multidimensional space and to be
orthogonal. After matching these acoustic features of speech,
a morph smoothly interpolates their variations not only in time
domain but also their amplitudes in frequency domain to describe a new emotional speech in the same perceptual space.
Finally, these descriptors are synthesized to produce morphed
speech waveform. This paper describes representations of
acoustic features, techniques for matching, and algorithms for
interpolating and morphing acoustic features such as duration,
spectral envelope and pitch contour using STRAIGHT [1] as
an example. The subjective listen test will be showed for emotional speech morphing of which the quality and naturalness
were comparable to natural speech samples.
Index Terms: emotional speech morphing, acoustic features,
warping, matching, interpolation.

1. Introduction
Audio morphing is well known in the Computer Music community [2, 3, 4, 5, 6]. The core process in an audio morphing
system is to preserve the shared characteristics of the starting
and final signals, while generating a smooth new sound with an
intermediate timbre. Most of these methods are based on the
interpolation of sound parameterizations resulting from analysis/synthesis techniques, such as the Short-time Fourier Transform (STFT), Linear Predictive Coding (LPC) or Sinusoidal
Models synthesis (SMS).
In human computer interaction, high quality control of
emotional aspects of synthetic speech is an important issue. Because of high cost of emotional database collection, most of the
universities and research centers collect only a classic set of basic emotions like neutral, anger, happiness, sadness, disguise,
surprise, and fear [7, 8, 9]. However, in daily life, spontaneous
speech includes all real emotions. All continuum emotional
states are desirable to be stimulated between any different basic emotional states. Morphing is one of the feasible ways to
provide the continuum emotional state. Recently, high-quality
speech manipulation system STRAIGHT has been proposed
for emotion morphing with manual placement of anchor points
in the reference and the target speech representation [10, 11].
Therefore, there are two goals to be realized in this paper. One
goal is to realize an automatic emotion morphing. The second
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goal is to investigate the manipulation of high-level features accordingly for emotion morphing. The term ”high-level” refers
to any feature which does not share close, obvious relationship
to samples of waveform. These features includes pitch contour,
spectrum, formants, ...etc.
To realize ”high-level” emotional speech morphing, a
speech model based on analysis-by-synthesis method is necessary and is able to separate a sound into salient feature dimensions, where each dimension represents a unique quality of
a speech. Hence, the transformations are limited along these
specific dimensions with a high preciseness of control to the
perceptual quality of the final morphed signal.
In our preliminary study, high-quality speech manipulation system STRAIGHT can deliver the best quality of synthesized speech among the analysis-by-synthesis methods such
as Harmonic-plus-Noise Model (HNM) [12], Linear Predictive
Coding (LPC) or ARX-LF [13]. The problem for the latter three
algorithms is that the degradations are considerable due to large
speech manipulations. Therefore, the automatic morphing procedure is implemented by using STRAIGHT [1], which represents speech using a F0 adaptive and interference free timefrequency spectrum, an instantaneous-frequency-based F0 and
”high-level” features morphing and interpolation.
The paper is organized as follows: Section 2 describes a
control structure for high-level features during the evolution of
the morph and explains which features are selected for morphing. Section 3 uses STRAIGHT to extract acoustic features such
as fundamental frequency (F0) contour, spectrum, aperiodicity
index, and formants, how to set break points in time and frequency domains. Section 4 focus on the specifics of temporal
alignment and time warping. Also, techniques for matching, interpolating and morphing are described. Section 5 presents the
results of informal listening tests. Finally, the future work will
be pointed out.

2. Emotional Speech Morphing System
Figure 1 shows the general block diagram of the emotional morphing system. The analysis/synthesis technique is
STRAIGHT [1]. Each input is decomposed by STRAIGHT into
three high-level acoustic features - F0 contour, spectral envelope, and aperiodicity index (AP). The F0 contour information
can be used to detect voiced/unvoiced break points and the duration of each voiced or unvoiced part. Then all the features are
dynamically aligned along the time dimension by interpolating
with similarly derived features from the corresponding input to
create an overall control structure. Then using this high-level
control structure, all the features are warped in time using the

Then the morphed speech is synthesized using STRAIGHT. The
quality of morphed speech are very poor. It may be due to poor
onsets and attacks detection by the method used and the characteristic in the identification of timbre is severely damaged. As
high-level features extracted by STRAIGHT are all synchronized in time-frequency plane, the information of when pitched
and un-pitched segments occur is employed to aid in aligning
attacks and other inharmonic sections, and also to equalize the
duration of features in time-frequency plane. This time axis
refers to the frame instance. As the human ear can detect differences of about 5 ms, however, as long as each onset coincides,
large changes in time, which affect intermediary data, are acceptable. In time-frequency plane, the detection of all onsets
from both inputs is not as strict as detection of onsets of lowlevel data in time domain, which generally requires precise time
instances of onsets.
The time breakpoints of two inputs can be obtained by
Eqs 2 and 3. For simplicity, we can align the first onset of two
inputs by adding the first a few frames for the input, of which
the first onset occurs earlier than another input. A set of target
times is generated by interpolating onsets from both inputs in
time-frequency plane, for onsets falling within a user-set limit.
For this, the weighting function, α(t) is employed:
tα = α(t)(t2 − t1 ) + t1

(8)

where t1 and t2 are the detected onset times, and tα is the interpolated time. Then the data of all features between α(t)(t2 −t1 )
are re-sampled at regularly spaced intervals. This is ideal time
warping process by enabling temporally-equivalent events, or
frames.
4.2.2. Rescaling
As high-level features in time-frequency domain are used for
morphing, we may warp each feature in the time axis to ensure
that the features are properly aligned. Then the corresponding
features of two inputs, and the new, interpolated value are used
to determine the amount of scaling required for the morphed
features.
The extracted pitch of two inputs are properly aligned. The
distance from the original breakpoints to the new breakpoints
must be determined by Eq. 8, and its pitch scaled by the value
of the envelope, which is calculated linearly between points as
shown:
F0 = (

F 02 − F 01
) · (t − t1 ) + F 01
t2 − t1

(9)

where F 02 and F 01 are the values of the pitch contour for segments t2 and t1 , and t − t1 is the distance in time axe from the
breakpoint t1 . In general, the matrix sizes of spectrograms of
two input are different. If the length of spectrogram is less than
that of another one, then the spectrogram will be contracted and
there will be a discontinuity in the higher time range. To remedy this, the last frame in the spectrum is simply repeated. Next,
we could add frames for the stable part of spectrogram. These
frames must be re-calculated according to what the new vector
dictates at that time point. Specifically, distance of a frame from
breakpoint must be determined, and it’s amplitude scaled by the
value of the twm frames, which is calculated linearly between
points as shown:
S=(

S 2 − S1
) · (t − t1 ) + S1
t2 − t1

(10)
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where S2 and S1 are the vectors of the spectrograms of two
inputs for time breakpoints t2 and t1 , and t − t1 is the distance
in time axis from the breakpoint t1 .
According to our experience, for two ends of features of the
morphed speech, the features at the two ends of original speech
are repeated for the morphed features. The pitch contour for the
stable pitch contour part is replaced by the value of the pitch
contour at the frames in question determined by Eq. 9. The
added frame vector of extended spectrogram are replaced by
the vector at the time breakpoint t determined by Eq. 10.
4.3. Interpolation in frequency domain
4.3.1. Matching
For morphing high-level features such like spectral and aperiodicity index, matching is a pre-interpolation stage used to form
correspondences between harmonics in each input so that the
final stage will be relatively straightforward. In our system, the
matching method involves looking for the harmonics closest in
frequency, harmonic pairings using a morph-matrix and seeking
the best matching harmonics frame-by-frame.
Since the best matches is determined on a frame-by-frame
basis, that might cause these correspondences to change radically from one instant to the next, causing harmonics to ”jump”
and be interpolated with differing components at each instant
in time. This would have a detrimental effect on the sound, and
leads to the instability of the harmonic components. Thus, some
degree of control is required in order to ensure that the harmonics are not changing allegiances between frames.
Sliding window algorithm can be used to solve this problem. A single harmonic is considered for three frames at a time.
If the same harmonic pairing of the first frame emerges in either the second and third frame, the algorithm sets all frames to
share that same pairing if it is possible. Then, the window slides
one frame forward and three new frames are taken under consideration, and the process repeats. Hence, the algorithm tries
to establish a consistency with each initial match in that every
harmonic will be paired with it’s original match for as long as
possible.
4.3.2. Interpolation for formants
As the characteristics of sound depends on formants, the interpolation of formants will affect the quality of morphed speech.
For the formants, it is desirable to identify and maintain
formant information. For this, all peaks in each envelope must
be identified by determining maxima. Next, any detected peaks
residing nearby in frequency shall be interpolated. This could
be accomplished by employing quadratic interpolation to determine the amplitude and frequency location of each peak,
and then, with the weighting function, determining where the
intermediate formant should reside. For the parabola y =
ax2 + bx + c used to describe a shape of formant, each coefficient may be derived by:
c
a
b

=
=
=

Si
0.5 · (Si−1 + Si+1 − c)
0.5 · (Si−1 − Si+1 )

(11)

where S is the amplitude at the frequency location of the detected maximum, i. As the spectrum has been divided into 24
segments for each formant, i will vary from between 1 and 24.
Next, where the peak’s maximum occurs (relative to i) is determined:
b
xmax =
+i
(12)
−2.0a

The two extracted formants are interpolated using α, and the
new formants is stored as a series of spectral breakpoints.
Specifically, the location of the new maximum, its bandwidth,
and the values of neighboring points are derived. This process repeats for any formants that fall within a certain frequency
range of each other.
For the remainder of the breakpoints left uninterpolated, a
simple one-to-one cross-fade is sufficient. The mix of each input’s envelope is governed by the weighting function and is determined linearly, as shown
Sn

=

(1 − α)S1,n + αS2,n
for all remaining Si,n ∈ Si , for i = 1, 2

(13)

for each set of breakpoints K remaining in S. This results in
an intermediate spectral shape, which can now be applied to the
amplitudes of all harmonics.
4.4. Feature smoothing
The pitch detection algorithm, while robust, still introduces errant values and outliers. Therefore, the interpolated pitch also
reflects these values, which can have a damaging effect when
used to re-synthesis. Two approaches have been used to deal
with this problem. One approach is used to remove outliers of
F0 using the confidence rating to decide whether that pitch value
should be used or not. Another approach is to apply a median
filter to each input’s extracted pitch to smear out sharp discontinuities of data, and to approximately follow polynomials. This
aids in removing errant values, and can also help in providing a
stable evolution of F0 contour:
mn = median(F 0n− N −1 , · · · , F 0n+ N −1 )
2

2

=
=

Smorphed,f,t = (1 − α(t))S1,f,t + α(t)S2,f,t

(16)

The spectral envelop, aperiodicity index and their frequency are
interpolated by Eqs. 16 and 17, respectively.
The frequency of each harmonic is easy and straightforward
to interpolate. In the same vein as pitch was interpolated, the
frequency is determined by:
fmorphed = f1 (

f2 α(t)
)
f1

(17)

where α is the value of the weighting function, and f is the
frequency value from each contribution harmonic.
To interpolate between both input’s F0 contour, the following formula is used:
F 0morphed = F 01 (

F 02 α(t)
)
F 01

(18)

where α(t) is the value of the weighting function, F 01 and F 02
are the pitch values from each input, The interpolated pitch and
spectral centroid will be reflected in the final, morphed output.
4.6. Resynthesis

(14)

where m is the median pitch value, and N + 1 is the number of
points used in filtering and is usually odd. In our algorithm, 3
to 5 points were used in the filtering.
For spectral envelop, the formants are re-scaled for the
voiced segment. In order to prevent any detrimental effects on
the data. A moving average (low-pass) filter is used to smooth
the corresponding feature segments:
1
(Sn− N + · · · + Sn+ N −1 )
N
2
2
1
(S
−1 + · · · + S
−1 )
N
n− N 2
n+ N 2

for N even
for N odd
(15)
where N is the number of values used in the smoothing process.
Usually, good results are obtained using 3 to 5 points. The feature smoothing is to remove the discontinuities of data because
any resulting discontinuities are noticeable, and the quality of
the overall output suffers.
Sn
Sn

synthesized in the end. To interpolate between two harmonics,
the weighting function is again employed. For high-level features like spectral envelop and aperiodicity index, the amplitude
and frequency must be interpolated according to its own metric.
Amplitude varies according to a logarithmic scale in regards to
perception; however, the amplitude as it is represented within is
always linear. Therefore, a simple weighting such as:

4.5. Morphing
All the spectral data and aperiodicity data have been formatted, analyzed, manipulated, and is in a state where we can finally start performing the actual interpolation. Ironically, at this
point, most of the work in the morphing process has already
been done. All that remains is to interpolate between the highlevel data comprising the two signals. Thanks to the matching
process, we know which harmonics need to be interpolated.
There will be one morphed harmonic generated for every
two contributing harmonics, where the contributing harmonics
are corresponding pairs as determined in the matching stage.
Each morphed harmonic will contain the interpolated values
of the contributing harmonics, and will be what are actually
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The final step is to re-synthesize all the interpolated high-level
features to generate the morphed sound. The quality of the
results is discussed in the next section. Figure 4 shows timefrequency representations of F0 contour, smooth spectrogram
of neutral, angry and emotionally morphed speech for the word
(”Hello”). The morphed speech was generated by decomposing two inputs into smooth spectrogram, pitch spectrogram and
aperiodicity index. The pitch information is used to align these
three acoustic features in time axis. The frequency breakpoints
are used to interpolated new formant. All the aligned acoustic
features are cross-faded. In the results shown in Figure 4, the
smooth spectrograms are cross-faded. The interpolated spectrograms are combined and re-synthesize to generate the morphed
sounds.

5. Experimental Results
Experiments were carried out to evaluate the naturalness and
to investigate the acoustic correlation of the transformation of
perceived emotional states.
5.1. Stimulus preparation
Institute for Infocomm Research (I2 R) collected emotional data
acted by professional actors under seven different emotional expression (neutral, anger, sadness, fear, happiness, surprise and
disgust). There are isolated words, numbers and sentences in
speech samples. Recording was done in I2 R audio recording studio with assistance of professional recording engineers.
An omnidirectional condenser microphone U 87 Ai (Neumann)
was used and recorded using 48 kHz 16 bit linear PCM format.
Isolated words spoken by a male actor were selected and resampled to 8 kHz for morphing experiment , based on a subjective

