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Abstract
A simple new method to recover details in a spectral enve-
lope is proposed based on a recently introduced speech analy-
sis, modification and resynthesis framework called TANDEM-
STRAIGHT. Spectral envelope recovery of voiced sounds is a
discrete-to-analog conversion in the frequency domain. How-
ever, there is a fundamental problem because the spatial fre-
quency contents of vocal tract functions generally exceed the
Nyquist limit of the equivalent sampling rate determined by
the fundamental frequency. TANDEM-STRAIGHT yields a
method to recover a spectral envelope based on the consistent
sampling theory and provides base information for exceeding
this limit. At the final stage, the AR spectral envelope esti-
mated from the TANDEM-STRAIGHT spectrum is divided by
the F0 adaptively smoothed version of itself to supply the miss-
ing high-spatial-frequency details of the envelope. The under-
lying principle of the proposed method can also be applied to
other speech synthesis frameworks.
Index Terms: speech analysis, sampling theory, speech modi-
fication

1. Introduction
The speech analysis, modification and resynthesis framework
STRAIGHT [1] and STRAIGHT-based speech morphing [2]
are widely used to take advantage of their highly natural speech
reproduction [3] and simultaneous precise control of physical
parameters. This paper proposes a method to further improve
its reproduction quality by recovering fine details in the vicinity
of spectral peaks.

1.1. Background

Further refinement of reproduction quality is indispensable
for professional applications such as post-production of music
recordings. Figure 1 illustrates the degradation in naturalness
found in simultaneous manipulation of singing style and voice
quality [4]. Degradations in the off-diagonal area suggest that
spectral envelope shapes between harmonic components are not
recovered properly. A new formulation of the sampling the-
ory in terms of a concept called consistent sampling [5, 6] pro-
vides a clue to solving this problem. Also, a new power spec-
tral estimation method called TANDEM [7] and a reformulated
STRAIGHT [8] made mathematical analysis tractable.

In the following sections, TANDEM-STRAIGHT is briefly
introduced and followed by an introduction to model-based
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Figure 1: Naturalness map of singing manipulation [4]. Cir-
cled symbols A and B represent two singers used as the exem-
plar anchoring points for partial morphing. Vertical axis rep-
resents amount of spectral morphing and horizontal axis repre-
sents amount of temporal and F0 morphing. Number on each
contour represents naturalness (5: extremely natural, 1: ex-
tremely unnatural)

spectral envelope recovery.

2. TANDEM-STRAIGHT
TANDEM-STRAIGHT consists of two parts, a temporarily
stable power spectrum estimation method of periodic signals
(TANDEM) and a spectral envelope calculation method based
on consistent sampling (STRAIGHT).

2.1. TANDEM spectrum

The power spectrum of a windowed periodic signal temporally
varies due to the interference of harmonic components within an
equivalent bandpass filter of a short-term Fourier analysis. As-
sume the simplest case where two harmonic components δ(ω)
and αejβδ(ω − ω0) are located within an equivalent bandpass
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Figure 2: Model for applying consistent sampling to spectral
envelope estimation

filter H(ω), where ω0 = 2πf0 represents the fundamental (an-
gular) frequency. The power spectrum of the windowed signal
located at τ yields the following:

|S(ω, τ)|2 = H2(ω) + α2H2(ω − ω0) (1)
+ 2αH(ω)H(ω − ω0) cos(ω0τ + β).

The third term represents the temporal variation of the calcu-
lated power spectrum. This term is cancelled by averaging two
power spectra calculated T0/2 apart, where T0 = 1/f0 repre-
sents the fundamental period. This simple method was named
TANDEM [7] and the calculated spectrum was named the TAN-
DEM spectrum.

2.2. STRAIGHT spectrum

The periodic signal is represented as a convolution of an im-
pulse response and a periodic pulse train. The Fourier trans-
form of a periodic pulse train is also a periodic pulse train in
the frequency domain with ω0 as its period and serves as a sam-
pling pulse of the transfer function that corresponds to the im-
pulse response. The problem is to recover the original continu-
ous transfer function from the discrete sampled values. In this
interpretation, note that a vocal tract transfer function on the
frequency axis is not generally band-limited. Due to this unlim-
ited frequency range, application of Shannon’s sampling theory
is not relevant. The problems must be considered in terms of
consistent sampling [5, 6].

2.2.1. Consistent sampling

Figure 2 shows an underlying model of consistent sampling and
its application to spectral envelope recovery. Consistent sam-
pling does not require complete recovery of the original contin-
uous signal (See Figure 2.). Roughly speaking, it only requires
f̃ to be recovered when it is fed back to input and used instead
of f .

The key is designing correcting filter coefficients qk, which
are calculated using autocorrelation coefficients a12(k) be-
tween ϕ1 and ϕ2 in the following equation:

Q(z) =
1P

k∈Z a12(k)z−k
, (2)

where Q(z) is a polynomial of z with qk as its coefficients.

2.2.2. Spectral envelope recovery

Figure 2 also illustrates how to apply consistent sampling to
spectral envelope recovery. In this interpretation, a TANDEM

spectrum is an output approximation of this model, where the
sampler is a periodic pulse on the frequency axis and the im-
pulse response of post-filter ϕ2(t) is |H(ω)|2 in Eq. (1). Pre-
and digital correction filters and the spectral interpolation re-
sponse are missing in this case. The problems are the missing
correction filter design and post-filter modification for consis-
tency.

2.2.3. Truncation of qk for practical implementation

The convolution of TANDEM spectrum PT (ω) with rω0(ω) is
calculated from the difference of the integrated TANDEM spec-
trum at two frequency points separated by ω0. Truncating qk to
leave three dominant elements (for k = −1, 0, 1) is useful be-
cause the large dynamic range usually found in speech spectra
tends to introduce spectral smearing if qk has long tails. Let
q̃k represent the normalized and adjusted qk to compensate for
this truncation effect. The interference-free spectrum is assured
to have no negative values when correction filtering using q̃k
is implemented in the cepstral domain. Taking into account
these considerations, an interference-free spectrum, PTST (ω)
(“STRAIGHT spectrum” below), is calculated from TANDEM
spectrum PT (ω) using the following set of equations:

C(ω) =

Z ω

ωL

PT (λ)dλ (3)

LS(ω) = ln [C(ω + ω0/2)− C(ω − ω0/2)]− lnω0,

PTST (ω) = e[q̄1(LS(ω−ω0)+LS(ω+ω0))+q̄0LS(ω)], (4)

where ωL < −ω0/2 is an arbitrary lower boundary.
Note that the spectral envelope recovered by this process

is accurate only at harmonic frequencies. Errors between these
points depend on discrepancy between the original envelope and
the function used for discrete to analog conversion and compen-
sation coefficients. Minimum error can be attained when these
functions are the same. Transfer function of an all pole model
is a prospective candidate.

3. Recovery based on all-pole models
Spectral envelopes of voiced speech sounds are closely modeled
by all-pole spectra [9, 11, 10] due to the functional similarity
between a one-dimensional acoustic tube and an IIR filter [12].
However, approximation of the envelope using this model can-
not be perfect due to the effects of glottal source, nasaliza-
tion, three-dimensional discrepancy from the one-dimensional
model, and other detailed factors. Direct application of all-
pole spectra smears these detailed discrepancies and may in-
troduce perceptual degradations. The problem can be alleviated
by using all-pole models indirectly only in the vicinity of salient
spectral peaks. This strategy takes advantage of the fact that the
discrepancy between the actual spectral envelope and the recov-
ered STRAIGHT spectrum shows extreme values in the vicinity
of salient spectral peaks, and they are also perceptually salient.

3.1. Localized compensation

The squared absolute value of an all-pole transfer function T (ω)
is represented as follows:

|T (ω)|2 =
c2

Q(ω)
=

c2

1 +
Pp

k=1 cos
“
Ak

kω
2πfs

” , (5)

where fs represents the sampling frequency. The polynomial
Q(ω) is band-limited in terms of the spectral sampling due to
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periodic excitation of voiced sounds when the fundamental fre-
quency is not extremely high. However, |T (ω)|2 is not band-
limited even in this case because it is a reciprocal of a second
order polynomial. Taylor expansion of Q(ω) in the vicinity of a
peak frequency ωp is closely approximated using a second order
polynomial and yields the following equation:

|T (ω)|2 � a

1− b(ω − ωp)2
= a

∞X
k=1

bk(ω − ωp)
2k. (6)

This equation also suggests that the higher spatial frequency
components are localized in the vicinity of peaks of |T (ω)|2.

Because the TANDEM-STRAIGHT procedure is basically
a low-pass filtering, components around these peaks are attenu-
ated in the process. The amount of attenuation can be estimated
by applying the same procedure to corresponding |T (ω)|2 of a
STRAIGHT spectrum. Therefore, applying the reciprocal of the
estimated attenuation (namely, the compensation factor g(ω))
to the STRAIGHT spectrum provides necessary information to
recover the missing details in the vicinity of each spectral peak.
This is the principle of the proposed method.

3.2. Implementation of the proposed method

The compensation factor g(ω) is estimated and applied to re-
cover details in the following steps. Note that STRAIGHT spec-
trum PTST (ω) has dimensionality of power spectrum.
Step 1: Pre-whitening of STRAIGHT spectrum. Apply

a pre-whitening filter (this time equivalent temporal
differentiation) to remove the global spectral tilt [12]
from the STRAIGHT spectrum.

Step 2: Power spectrum to autocorrelation. Apply inverse
Fourier transformation to the power spectrum to
calculate corresponding autocorrelation.

Step 3: Estimation of linear prediction coefficients. Use au-
tocorrelation coefficients to build a Toeplitz-type matrix
and a vector to find the minimum square solution to the
all-pole approximation of the power spectrum. The lin-
ear prediction coefficients {αk}pk=1 are calculated by
solving a set of simultaneous linear equations built here.

Step 4: Calculation of the all-pole spectrum. Use {αk}pk=1

to calculate the corresponding all-pole spectrum TAR(ω)
using the following equation:

TAR(ω) =
1

|1− Pp
k=1 αkz−1|2 , (7)

where z is defined as exp(jω/2πfs).
Step 5: Smoothing due to TANDEM-STRAIGHT procedure.

Apply equivalent low-pass filtering to simulate spectral
smoothing due to time windowing in TANDEM and
anti-aliasing by the first order Harr function and discrete
compensation filter in STRAIGHT. This procedure
yields the smoothed version of the transfer function,
TLP (ω).

Step 6: Compensation factor calculation. The following
equation defines the compensation factor g(ω):

g(ω) = TAR(ω)/TLP (ω). (8)

Step 7: Recovery of details. Apply the compensation factor
g(ω) to the original STRAIGHT spectrum PTST (ω) to
yield the updated spectrum PUD(ω) with recovered de-
tails:

PUD(ω) = g(ω)PTST (ω). (9)
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Figure 3: TANDEM spectrum (thin line) and STRAIGHT spec-
trum (thick line) of a Japanese vowel /a/ by a male speaker.
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Figure 4: Whitened STRAIGHT spectrum (thin line) and corre-
sponding LPC spectrum (thick line) of a Japanese vowel /a/ by
a male speaker.

4. Examples
This section illustrates how the proposed method works by
using a Japanese vowel sequence /aiueo/ spoken by a male
speaker. The portion corresponding to /a/ is used here.

Figure 3 shows the TANDEM spectrum and the
STRAIGHT spectrum. Note that periodic spectral variations
with period f0 on the frequency axis are completely removed in
the STRAIGHT spectrum. Note also that F1 and F2 peaks have
flattened shapes due to the shape of the Harr function used for
the anti-aliasing function in the STRAIGHT procedure.

Figure 4 shows the whitened STRAIGHT spectrum and the
corresponding LPC spectrum. The LPC order was set at 27 tak-
ing into account the average vocal tract length of 17 cm, and the
sound velocity 340 m/s. Note that sharp spectral peaks are re-
covered in the LPC spectrum. Note also that the LPC spectrum
discards fine details in the STRAIGHT spectrum, suggesting a
loss of source-related details in the spectral shape.
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Figure 5: Compensation factor g(ω).
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Figure 6: TANDEM spectrum (thin line) and the STRAIGHT
spectrum with recovered details (thick line).

Figure 5 shows the compensation factor. Note that only the
vicinity of the LPC spectral peaks has large values with sharp
spikes. The shape of the compensation factor in the other region
is smooth.

Figure 6 shows the updated STRAIGHT spectrum with
recovered high-spatial frequency details in the vicinity of the
peaks. Note that the envelope has proper shapes in the peak
regions. Preliminary listening tests indicated improvement in
reproduced speech quality when the proposed method is used.

5. Discussion
The proposed method locally recovers salient peak shapes. This
is a unique advantage of the proposed method over the usual
post-processing of spectral shapes. The concept behind this
method is not new at first glance. “Missing spectral information
requires additional constraints for its recovery” has already been
suggested many times (e.g. [13]). However, direct application
of a constrained model leads to loss of details. The proposed
method alleviates this problem by indirectly using a constrained
model to supply missing details locally.

There is still room for improvement. For example, the
TANDEM-STRAIGHT spectral smoothing simulation for the

AR spectrum does not consist of spectral sampling due to peri-
odicity. Introduction of spectral sampling simulation may allow
closer recovery in the vicinity of spectral peaks, especially in
the lower frequency region. However, artifacts due to quasi-
periodicity in the higher frequency region lower the merit of
this simulation. A hybrid approach may solve this problem.

6. Conclusions
A simple procedure to recover missing spectral details in the
TANDEM-STRAIGHT spectrum was proposed. The proposed
method can be applied to other systems when the equivalent
smoothing function of the target system can be formulated.
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