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ABSTRACT

Statistical parametric synthesizers usually rely on a simplified model
of speech production where a minimum-phase filter is driven by a
zero or random phase excitation signal. However, this procedure
does not take into account the natural mixed-phase characteristics
of the speech signal. This paper addresses this issue by proposing
the use of the complex cepstrum for modeling phase information
in statistical parametric speech synthesizers. Here a frame-based
complex cepstrum is calculated through the interpolation of pitch-
synchronous magnitude and unwrapped phase spectra. The non-
causal part of the frame-based complex cepstrum is then modeled as
phase features in the statistical parametric synthesizer. At synthesis
time, the generated phase parameters are used to derive coefficients
of a glottal filter. Experimental results show that the proposed ap-
proach effectively embeds phase information in the synthetic speech,
resulting in close-to-natural waveforms and better speech quality.

Index Terms— Speech synthesis, statistical parametric speech
synthesis, spectral analysis, cepstral analysis, complex cepstrum.

1. INTRODUCTION

Various studies, e.g. [1], have reported the importance of phase in-
formation for speech processing systems. For systems that assume
the source-filter model of speech production, investigations into the
usefulness of phase information have mostly concentrated on glot-
tal pulse models, such as the Liljencrants-Fant (LF) model [2]. The
idea is that the glottal pulses models can introduce phase information
which is lost due to the minimum-phase vocal-tract filter assump-
tion in simplified source-filter models [3]. For statistical parametric
speech synthesis [4], glottal pulse models based on the estimation
of the LF model parameters, and glottal inverse filtering have been
used, e.g. [5, 6]. In terms of using explicit phase parameters, in [7]
the use of specific phase features was reported to be successful for
unit-concatenation-based systems. However, there was no investiga-
tion of their use with statistical parametric synthesis.

This paper proposes the use of complex cepstrum for incorpo-
rating phase information in statistical parametric speech synthesis.
The use of complex cepstrum for glottal source estimation has been
recently discussed in the area of speech analysis [8]. It has been
reported to be advantageous in terms of computational cost, for in-
stance when compared with the zeros of the z-transform. From the
speech production mechanism viewpoint, the use of complex cep-
strum theoretically has a clear advantage against the commonly used
complex cepstrum of minimum phase sequences1 since it represents
the natural mixed-phase characteristics of the speech signal. De-
spite this advantage, the use of complex cepstrum for speech pro-

1Henceforth regarded as the minimum-phase cepstrum.

cessing has some drawbacks due to analysis issues such as the need
for pitch-synchronous analysis and phase unwrapping. This paper
addresses these problems by proposing a frame-based calculation
of the complex cepstrum. One approach to derive a frame-based
complex cepstrum is based on chirp analysis [9]. Alternatively, in
this work the interpolation of pitch-synchronous spectra was chosen
as this has less computational complexity, and still yields an accu-
rate representation of the speech spectral envelope by removing the
F0 effect [10]. Frame-based complex cepstra are then decomposed
into all-pass and minimum-phase components. The all-pass cepstra,
which are directly related to the non-causal part of the complex cep-
strum, are represented as phase parameters and modelled by hidden
semi-Markov models (HSMM) in an additional observation vector
stream. At synthesis time, the generated phase parameters are used
to implement an all-pass glottal filter.

Section 2 outlines speech analysis/synthesis using complex cep-
strum and Section 3 describes the incorporation of complex cep-
strum into HMM-based speech synthesis. Experiments are shown
in Section 4, and the conclusions are in Section 5.

2. COMPLEX CEPSTRUM ANALYSIS/SYNTHESIS

Cepstral analysis is an outcome of the field of homomorphic decon-
volution [11]. The complex cepstrum ŝ(n) of a N + 1-sample win-
dowed speech segment s(n) is given by

S (ejω) =

N/2X
n=−N/2

s(n)e−jωn
, (1)

lnS (ejω) = ln |S (ejω)| + jθ(ω), (2)

ŝ(n) =
1

2π

Z π

−π

lnS (ejω) ejωn
dω, (3)

where S (ejω) is the Discrete-Time Fourier Transform (DTFT) of
s(n) and θ(ω) is the unwrapped phase spectrum [11]. The complex
cepstrum is an infinite, non-causal and non-symmetric sequence.
The impulse response related to the spectral envelope of s(n), x(n),
can be obtained from a truncated version of ŝ(n) through

X̂ (ejω) =

CX
n=−C

x̂(n)e−jωn
, (4)

X (ejω) = exp
n

Re
h
X̂ (ejω)

i
+ j Im

h
X̂ (ejω)

io
, (5)

x(n) =
1

2π

Z π

−π

X (ejω) ejωn
dω, (6)

whereC is the cepstral order, and x̂(n) is a truncated version of ŝ(n)
so that x̂(n) = 0 for |n| > C.
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Fig. 1. Windowing for pitch-synchronous spectral analysis.

For statistical parametric speech synthesis the minimum-phase
cepstrum is normally used. However, the speech signal is naturally
a mixed-phase sequence. This minimum-phase assumption for the
synthesis filter comes from the theory of linear prediction analysis,
where the inverse synthesis filter must be causal and stable [3] so
as to minimize the energy of the so-called residual signal during
the calculation of the linear prediction coefficients. The minimum-
phase cepstrum is a causal sequence, i.e. x̂m(n) = 0, n < 0, and
can be obtained from the complex cepstrum x̂(n) through a simple
operation in the quefrency domain (see Section 3.2).

3. COMPLEX CEPSTRUM AS PHASE FEATURES FOR
STATISTICAL PARAMETRIC SYNTHESIS

To use phase information from complex cepstrum in statistical para-
metric synthesis, the following issues must be addressed: (1) frame-
based complex cepstrum analysis; (2) acoustic modeling of phase
parameters; (3) and synthesis with phase features.

3.1. Frame-based complex cepstrum

In this work the frame-based cepstrum are obtained through the in-
terpolation of pitch-synchronous amplitude and phase responses.

From the literature, the location of the window for complex cep-
strum analysis should be at the pitch onsets in order to yield an ap-
propriate phase representation [11, 8]. To enable this, windowing
is performed with asymmetric Blackman windows as illustrated in
Fig. 1. Pitch-synchronous spectra S (ejω) can then be obtained by
taking the DTFT of the windowed speech segments.

After extracting the spectra phase unwrapping must be per-
formed. By noting that {θ(ω0), . . . , θ(ωL)} are L + 1 samples of
θ(ω) between ω0 = 0 and ωL = π, phase unwrapping involves

θ(ωl) =

(
Θ(ωl), l = 0,

Θ(ωl) −
Pl−1

k=0
ψ(k), l = 1, . . . , L,

(7)

where {Θ(ω0), . . . ,Θ(ωL)} are samples of the phase function mod-
ulo 2π, and

ψ(k) =

—
Θ(ωk+1) − Θ(ωk) + π

2π

�
2π, k = 0, . . . , L− 1. (8)

The final step is to remove the linear phase component using

θ(ωl) = θ(ωl) −
l

L
θ(π), l = 1, . . . , L. (9)

Once pitch-synchronous spectra have been calculated, frame-
based complex cepstrum can be obtained through linear interpola-
tion. In this work the interpolation of features in three different do-
mains were investigated:

1. complex spectrum: S (ejω) = Re [S (ejω)] + j Im [S (ejω)];

2. magnitude and unwrapped phase spectrum: |S (ejω)|, θ(ω);

3. complex cepstrum: x̂(n).

Table 1. SNRseg and LSDs (dB) results for the interpolation of the
three different features described in Section 3.1.

Interpolated of feature 1 2 3

SNRseg 1.54 1.60 1.64
LSD 4.14 3.95 4.01

To evaluate the interpolation schemes, 100 sentences uttered by an
American English speaker sampled at 16 kHz were used. The speech
signals were analyzed, and re-synthesized using frame-based cep-
strum based on (4), (5), and (6) to obtain a non-causal synthesis
filter impulse response, with C = 39. The filter was driven by a
simple excitation signal constructed from the extracted F0. Two ob-
jective measures were used to evaluate the distortion between nat-
ural and re-synthesized speech: (1) segmental signal-to-noise ratio
(SNRseg) [3]; and (2) log spectral distance (LSD) given by

dLS =

vuuut 100

2L + 1

8<
:

2
4log

|S (ejω0 )|˛̨
˛S̃ (ejω0 )

˛̨
˛

3
5

2

+ 2

LX
l=1

2
4log

|S (ejωl )|˛̨
˛S̃ (ejωl )

˛̨
˛

3
5

2
9=
;,

(10)

where {S (ejω0) , . . . , S (ejωL)} and
n
S̃ (ejω0) , . . . , S̃ (ejωL)

o
are samples between ω0 = 0 and ωL = π of the DTFT of natural
and re-synthesized speech, respectively, and log means the common
logarithm. The LSD by (10) is calculated for each frame and its
mean value used as the final measure. Table 1 shows the results for
L = 512. It can be seen that there is basically no difference between
interpolation of pitch-synchronous complex cepstrum and amplitude
and phase response. As it is more flexible, the latter was chosen to
derive frame-based complex cepstra in this work.

3.2. Acoustic modeling of phase information

A given sequence x(n), for which the complex cepstrum x̂(n) exists,
can be decomposed into its minimum-phase, xm(n), and all-pass,
xa(n), components [11]. Thus

x(n) = xm(n) ∗ xa(n). (11)

The minimum-phase cepstrum, x̂m(n), is a causal sequence and can
be obtained from the complex cepstrum, x̂(n), as follows

x̂m(n) =

8><
>:

0, n = −C, . . . ,−1,

x̂(n), n = 0,

x̂(n) + x̂(−n), n = 1, . . . , C,

(12)

where C is the cepstral order. The all-pass cepstrum x̂a(n) can then
be simply retrieved from the complex and minimum-phase cepstrum
as

x̂a(n) = x̂(n) − x̂m(n), n = −C, . . . , C. (13)

By substituting (12) into (13) it can be noticed that the all-pass cep-
strum x̂a(n) is non-causal and anti-symmetric, and only depends on
the non-causal part of x̂(n)

x̂a(n) =

8><
>:

x̂(n), n = −C, . . . ,−1,

0, n = 0,

−x̂(−n), n = 1, . . . , C,

(14)

Therefore, {x̂(−C), . . . , x̂(−1)} carries the extra phase informa-
tion which is not usually taken into account in conventional source-
filter models based on minimum-phase filter impulse responses.

Finally, for use in acoustic modeling phase parameters are de-
rived, defined as the non-causal part of x̂(n),

φ(n) = −x̂(−n− 1) = x̂a(n+ 1), n = 0, . . . , Ca, (15)

where Ca < C is the order of the phase parameters.
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Fig. 2. Synthesis time. The new phase parameters are used to include
phase information in the pulse train through the all-pass filterHa(z).
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Fig. 3. Phase (top) and impulse (bottom) responses of the all-pass
filter Ha(z), obtained from the generated phase parameters φ̃(n)
according to (16) and (17), respectively, for a given speech frame.

3.3. Synthesis under band-aperiodicity-based mixed excitation

To incorporate the complex cepstrum into the waveform synthesis
stage, the time domain process shown in Fig. 2 is used. First, F0,
phase, and band-aperiodicity parameters are generated as described
in [10]. These are used to derive the pulse train t(n), all-pass fil-
ter Ha(z), and voiced and unvoiced filters Hv(z) and Hu(z) re-
spectively. After that, t(n) is passed through Ha(n) to result in
the filtered pulse train tm(n). The mixed excitation signal e(n) is
formed by passing tm(n) and w(n) through Hv(z) and Hu(z), re-
spectively. Finally, the speech signal s(n) is synthesized by passing
e(n) through H(z). This filter can be implemented directly by us-
ing the minimum-phase cepstral coefficients x̂m(n) with the Mel log
approximation filter [12].

The impulse response of the non-causal all-pass filter, ha(n),
is obtained from the generated phase parameters φ̃(n). By using
the relationship of (15), and taking the inverse complex cepstrum
operation from equations (4), (5), and (6), the phase and impulse
responses of the all-pass filter Ha(z) become, respectively

θa (ωl) = −2

Ca−1X
n=0

φ̃(n) sin [ωl(n+ 1)] , (16)

ha(n) =
1

2L+ 1

(
1 + 2

LX
l=1

cos [ωln+ θa (ωl)]

)
, (17)

for n = −Pa, ..., Pa, where Pa is the order of the all-pass filter im-
pulse response, and {ω0, . . . , ωL} are theL+1 frequencies in which
S (ejω) is sampled, which ω0 = 0 and ωL = π. Fig. 3 shows exam-
ples of θa(ω) and ha(n) obtained from generated phase parameters.
Fig. 4 shows the effect of the resulting filter, where single pulses,
represented by t(n), are transformed into the glottal pulses tm(n).

The band-aperiodicity parameters are interpolated to result in
L + 1 aperiodicity coefficients {α0, . . . , αL}. The aperiodicity pa-
rameters are used to derive the voiced and unvoiced filter impulse
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Fig. 4. Pulse train t(n) (left) and filtered pulse train tm(n) (right)
for a given segment.

responses, hv(n) and hu(n), respectively. By considering that these
filters have zero-phase response, i.e., Hv (ejω) = Hv

`
e−jω

´
=

1 − αl, and Hu (ejω) = Hu

`
e−jω

´
= αl, and taking the inverse

DTFT, the impulse responses can be obtained from {α0, . . . , αL} as

hv(n) =
1

2L+ 1

"
1 − α0 + 2

LX
l=1

(1 − αl) cos (ωln)

#
, (18)

hu(n) =
1

2L+ 1

"
α0 + 2

LX
l=1

αl cos (ωln)

#
. (19)

4. EXPERIMENTS

A database comprising 4898 sentences, spoken by an American En-
glish female speaker and sampled at 16 kHz, was utilized to train
two statistical parametric synthesizers: one without phase informa-
tion, the baseline system; and another with phase information, the
proposed system. The complex cepstrum was extracted through in-
terpolation of pitch-synchronous amplitude and phase responses, as
shown in Section 3.1. It was then decomposed into its minimum
and all-pass components as described in Section 3.2. The minimum-
phase cepstra was warped to yield 40 Mel-cepstral coefficients (C =
39) [12]. The all-pass cepstra was converted into 19 phase param-
eters (Ca = 19). The aperiodicity coefficients {α0, . . . , αL} were
calculated as the ratio between the voiced and unvoiced speech com-
ponent amplitude spectra [13], and converted into band-aperiodicity
according to the procedure described in [10]. For the proposed sys-
tem, each observation vectors was composed of:

• stream 1: 40 Mel-cepstral coefficients, delta and delta-delta;

• streams 2, 3, 4: lnF0, ΔlnF0 and ΔΔlnF0, respectively;

• stream 5: 5 band-aperiodicity, delta and delta-delta;

• stream 6: 19 phase parameters, delta and delta-delta.

The baseline system did not have the stream of phase parameters.
For both systems, the observation vectors were used to train HSMMs
with 5 states and a left-to-right no-skip topology. All the streams
were independently clustered using the decision tree method. At
synthesis time, parameter generation with global variance [4] was
used for minimum-phase Mel-cepstrum and lnF0.

To investigate the impact of the phase features on the subjective
quality of the synthetic speech, a preference test was conducted with
33 listeners and 25 sentences using a web-based recruitment system.
For the test, each of the 25 sentences were synthesized using the two
systems. The baseline system emulated the excitation method de-
scribed in [10] through the use of the same engine as the proposed
method, Fig 2, but constraining Ha(z) = 1, i.e., by removing the
all-pass filter. For the proposed system the all-pass filter was imple-
mented with the phase parameters. Table 2 shows the results for this
preference test. There is a statistically significant preference for the
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Fig. 5. From top to bottom: residual signal (left) and natural speech (right), mixed excitation without phase information (left) and correspond-
ing synthetic speech (right), and mixed excitation with phase feature (left) and corresponding synthetic speech.

Table 2. Results of the preference test (in percentage) with 36 sub-
jects and 25 sentences.

Baseline Proposed No preference p-value

35.5 43.3 21.2 0.043

Table 3. SNRseg and LSDs (dB) for the sentences used in the lis-
tening test for each system.

Baseline Proposed Baseline Proposed

SNRseg -4 -0.77 LSD 5.78 5.65

proposed system (p < 0.05), which implies that the use of the phase
parameters can produce synthetic speech with improved quality.

Objective measures such as SNRseg and LSD were also calcu-
lated for the test sentences. To avoid duration and pitch onset mis-
matches, the original phonetic durations were employed for param-
eter generation, and pitch marks extracted from natural speech used
for waveform generation. The results are shown in Table 3. It can
be seen that the proposed system produces waveforms that are closer
to the natural speech, especially when measured by SNRseg. Fig. 5
shows some examples of excitation signals and the resulting syn-
thetic waveforms generated with the natural spectrum, duration and
pitch marks. The excitation signal with phase information results in
a speech waveform that is closer to the natural one.

5. CONCLUSIONS

An approach to model phase information in HMM-based speech
synthesizers through the use of complex cepstrum has been pre-
sented. At the parameter extraction stage, the interpolation of pitch-
synchronous magnitude and phase spectra has been shown to be ef-
fective for obtaining frame-based complex cepstrum. For acoustic
modeling, the minimum-phase/all-pass decomposition of complex
cepstra was used. The all-pass component was derived from the
non-causal part of the complex cepstrum and converted into phase
parameters. At synthesis time these phase parameters were used to
implement a glottal filter. Experimental results under the framework
of band-aperiodicity-based mixed excitation show that the inclusion
of phase information increases synthetic speech quality. However,
there is additional computational complexity for the proposed sys-

tem due to the phase unwrapping procedure at analysis time and
glottal filter implementation at synthesis time. Future work will in-
vestigate the use of frame-based complex cepstrum analysis for im-
proving expressive speech synthesis.
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