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Application of the Velvet noise and its variant
for synthetic speech and singing

Hideki Kawahara1,a)

Abstract: The Velvet noise is a sparse signal which sounds smoother than Gaussian white noise. We propose the
direct use of the velvet noise and application of its variant for speech and singing synthesis. An interesting variant
uses the symmetry of time and frequency in Fourier transform to design the desired signal. This variant can replace
the logarithmic domain pulse model, mixed excitation source signals and, a group delay-manipulated excitation pulse
which is the excitation source signal of legacy-STRAIGHT.

1. Introduction
The Velvet noise is a sparse signal which sounds smoother

than Gaussian white noise [1, 2]. We found that the Velvet noise
itself and its variants provide useful candidates for the excitation
source signals of synthetic speech and singing. They can replace
excitation source signal models [3–6] for VOCODERs [3, 7, 8]
and provide a unified design procedure of mixed-mode excitation
signals.

2. Background
How to analyze and generate the random component for

synthetic voice has been a difficult problem. The significant
variation of the masking level of a burst sounds within one
pitch period [9] made this problem harder. The characteristic
buzziness also has been a source of severe degradation in
analysis-and-synthesis type VOCODERs. This degradation is
made worse in statistical text-to-speech systems. Although
WaveNet [10] effectively made this problem disappear, a flexible
and general purpose excitation signal will be beneficial for
interactive and compact applications.

One successful implementation of a less-buzzy source
signal is a group delay manipulated pulse introduced in
legacy-STRAIGHT [3]. The source signal uses a smoothed
random noise for designing the group delay in higher (typically
3 kHz) frequency region. The smoothing parameter and
the magnitude of group delay variation were pre-determined
based on trial-and-error tests. Even with several investigations
[4], the source model failed to be coupled with relevant
analysis procedures to determine these parameters. The revised
STRAIGHT (TANDEM-STRAIGHT [7]) also failed to formulate
a unified, flexible framework for the excitation source signal,
after several trials [5, 11, 12]. The recent introduction of (LDPM:
log-domain pulse model) seems to provide a unified framework
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consisting of relevant analysis procedure [6]. We tried a variant
of the LDPM. Although the signal showed desirable behavior, it
introduced smearing of the random component [13].

It is time to reconsider revising new lines of VOCODER
[8,14] because patents which prevented use of simple procedures
for improving synthetic voice quality are expired. The
group delay manipulated pulse and other quality improvement
procedures used in legacy-STRAIGHT were not used in
TANDEM-STRAIGHT to prevent infringement of the patents.
Because of this issue and other minor factors, the synthesized
speech quality using legacy-STRAIGHT was better than
TANDEM-STRAIGHT [8]. These quality-related patents of
legacy-STRAIGHT were expired before 2018 and free to use
them now.

The velvet noise and its variants provide the key for this
revision of excitation signals. In the following section, we
introduce the original velvet noise and its time-domain variant.
Then, after discussions on their behavior, we introduce the
frequency-domain variant of the velvet noise.

3. Velvet noise and time domain variants
The velvet noise was designed for artificial reverberation

algorithms. It is a randomly allocated unit impulse sequence
with minimal impulse density vs. maximal smoothness of the
noise-like characteristics. Because such sequence can sound
smoother than the Gaussian noise, it is named “velvet noise.” [1]

3.1 Original velvet noise
The velvet noise allocates a randomly selected positive or

negative unit pulse at a random location in each temporal segment
[1]. The following equation determines the location of the m-th
pulse kovn(m). The subscript “ovn” stands for “Original Velvet
Noise.”

kovn(m) = ||mTd + r1(m)(Td − 1)||, (1)

where Td represents the average pulse interval in samples. The
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Fig. 1 Long time average of the power spectrum of OVN and UVNs.
OVN-22 and UVN-22 used Td = 22 samples and UVN-11 used
Td = 11.

following equation determines the value of the signal sovn(n) at
discrete time n.

sovn(n) =

⎧⎪⎪⎨
⎪⎪⎩

2||r2(m)|| − 1 n = kovn(m)
0 otherwise

. (2)

3.2 Time domain variants of velvet noise
We introduce three variants of velvet noise; a unipolar

velvet noise (UVN), a periodic velvet noise (PVN), and their
combination, a unipolar periodic velvet noise (UPVN). The UVN
modifies the value in Eq. (2). The following equation provides
the value of UVN, suvn(n) at a discrete time n.

suvn(n) =

⎧⎪⎪⎨
⎪⎪⎩

1 n = kovn(m)
0 otherwise

, (3)

The PVN modifies the time index in Eq. (2). The PVN has
additional two factors; the fundamental period Tp and the duty
cycle D = Tw/Tp. The following equation provides the value of
UVN, suvn(n) at a discrete time n.

spvn(n; Tp, Tw) =

⎧⎪⎪⎨
⎪⎪⎩

2||r2(m)|| − 1 Q(m; Tp, Tw)
0 otherwise

(4)

Q(m; Tp, Tw) =
(
n mod Tp= kovn(m)

)
∧

(
n mod Tp ≤ Tw

)
,

where Q(m; Tp, Tw) is a mathematical predicate representing the
condition and “mod” represents the modulo operator.

The following equation provides the value of UPVN, supvn(n)
at a discrete time n.

supvn(n; Tp, Tw) =

⎧⎪⎪⎨
⎪⎪⎩

1 Q(m; Tp, Tw)
0 otherwise

(5)

3.3 Frequency domain characteristics
OVN with a pulse density higher than 2,000 pulses per second

sounds smoother than Gaussian noise [1, 2]. This section
illustrates numerical examples of the OVN and the variants in
this pulse density region. The sampling frequency is 44,100 Hz
in the following examples.
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Fig. 2 Power spectrum of PVN and PUVNs All signals used Td = 22
samples and Tp = 440 samples. UPVN-440-1, UPVN-440-2 and
UPVN-440-3 used 193, 193/2 and 193/4 samples for Tw.
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Fig. 3 Cumulative distribution of DFT sequences of OVN. Thick cyan plot
shows the cumulative Gaussian distribution.

Figure 1 shows average power spectra of OVN and UVNs. The
segment length was Td = 22 samples for OVN-22 and UVN-22.
UVN-11 used Td = 11. The signal duration was 100 s. The power
spectra used the Blackman window with 50 ms length and 50%
overlap. Note that the average value of UVN was subtracted.
Spectral peaks correspond to integer multiples of 1/Td.

Figure 2 shows average power spectra of PVN and PUVNs.
All signals used Td = 22 samples and Tp = 440 samples.
UPVN-440-1, UPVN-440-2 and UPVN-440-3 used 193, 193/2
and 193/4 samples for Tw. The signal duration was 100 s. The
fundamental frequency of the harmonic structure of UPVNs is
1/Tw. The spectrum envelope in the lower frequency region is
sinc function.

3.4 DFT sequence characteristics of OVN
Discrete Fourier Transform (DFT) converts a periodic

time-domain sequence to a periodic frequency-domain complex
sequence. The real part of the sequence has even symmetry and
the imaginary part has odd symmetry.
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Fig. 4 Long time average power spectrum of DFT sequences of OVN.

Figure 3 shows the simulation results. The tested OVN has
Td = 16 and the length of 221 samples. The initial half bins of the
real and imaginary part of DFT of the OVN sequence are used to
calculate this distribution. It is safe to state that value distribution
of the real and the imaginary part of the DFT sequence of OVN
sequence is Gaussian.

Figure 4 shows the long time average power spectrum of the
real and imaginary part of DFT of the OVN sequence. In this plot,
each DFT sequence is considered as a time series. Figures 3 and 4
suggest that each DFT sequence is a Gaussian random sequence.

Applying a time invariant (linear phase) FIR filter to OVN
shapes the DFT sequences with the filter’s spectral shape. In other
words, it yields shaped Gaussian random sequences. This is the
underlying idea of the frequency domain variants of velvet noise.

4. Velvet noise and frequency domain variants
Allpass filter has a constant gain with (usually) nonlinear

phase characteristics. A causal allpass filter using pole-zero
pairs has an exponentially decaying impulse response [15]. The
legacy-STRAIGHT used smoothed group delay for designing
allpass filters and used them for the excitation source [3]. We
propose to use velvet noise procedure to design allpass filters.
Using velvet noise procedure for designing phase of allpass filters
makes their impulse responses localized.

4.1 Unit phase manipulation
This section investigates relations between phase manipulation

and the impulse response of corresponding alllpass filter. Let
wp(k, Bk) represent a phase modification function on the discrete
frequency domain. The following equation provides the complex
valued impulse response h(n; kc, Bk) of the allpass filter.

h(n; kc, Bk) =
1
K

K−1∑

k=0

wp(k − kc, Bk) exp
(

2knπ j
KN

)
, (6)

where kc represents the discrete center frequency and Bk

represents the nominal band width of wp(k, Bk).
Figure 5 shows the absolute value of each impulse response.

Three time window function shaped the phase response. The

-0.03 -0.02 -0.01 0 0.01 0.02
time (s)

10-8

10-6

10-4

10-2

ab
so

lu
te

 v
al

ue

0.5
Hann
Blackman
Nuttall

-0.03 -0.02 -0.01 0 0.01 0.02
time (s)

10-8

10-6

10-4

10-2

ab
so

lu
te

 v
al

ue

0.25
Hann
Blackman
Nuttall

-0.03 -0.02 -0.01 0 0.01 0.02
time (s)

10-8

10-6

10-4

10-2

ab
so

lu
te

 v
al

ue

0.125
Hann
Blackman
Nuttall

-0.03 -0.02 -0.01 0 0.01 0.02
time (s)

10-8

10-6

10-4

10-2

ab
so

lu
te

 v
al

ue

0.015625
Hann
Blackman
Nuttall

Fig. 5 Absolute value of unit phase manipulation. The title of each plot
represents the maximum value of wp(k).
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Fig. 6 Impulse response example of the designed allpass filter.

following cosine series defines these windows.

wp(k, Bk) =
N∑

n=0

a(n) cos
(
πkn
NBk

)
. (7)

Note that outside of the support −Bk < k < Bk, the shape
is wp(k, Bk) = 0. Three windows are Hann, Blackman and
Nuttall. The coefficients of each function is listed in [16]. In this
simulation, the center frequency was 1,000 Hz and the bandwidth
corresponds to 100, 150, and 200 Hz respectively.

Figure 6 shows an example impulse response. This example
corresponds to the bottom right plot of Fig. 5. Note that the
maximum value at time 0 is close to 1.

4.2 Center frequency allocation after velvet noise
By adding unit phase manipulation wp(k − kc, Bk) on randomly

allocated center frequency kc yields the filtered velvet noise on the
frequency domain. The following equation defined the allocation
index (discrete frequency) kc = kfvn(m) where subscript “fvn”
stands for Frequency domain Velvet Noise.

kfvn(m) = ||mFd + r1(m)(Fd − 1)||, (8)
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Fig. 7 Frequency domain velvet noise example. Upper plot shows the phase
and the lower plot shows the waveform.

where Fd represents the average frequency segment length. Each
location spans from 0 Hz to fs/2. Let K represent a set of
allocation indices kfvn(m). The following equation provides the
phase ϕfvn(k) of this frequency variant of velvet noise.

ϕfvn(k) =
∑

kc∈K
ϕmax

(
wp(k − kc, Bk) − wp(k + kc, Bk)

)
, (9)

where k spans discrete frequency of a DFT buffer, which has a
circular discrete frequency axis.

The inverse discrete Fourier transform provides the impulse
response of the frequency domain velvet noise.

hfvn(n) =
1
K

K−1∑

k=0

ϕfvn(k) exp
(

2knπ j
KN

)
. (10)

4.3 Behavior of frequency domain variant
A series of simulations were conducted to test behavior of

FVN. The sampling frequency was 44,100 Hz in this section.
Figure 7 shows an example of the frequency domain velvet

noise. The width of the frequency segment Fd is 100 Hz and
the base band width Bk is 200 Hz. This calculation used 8,192
bins for the DFT buffer length.

Figure 8 shows the averaged RMS (root mean square) value of
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Fig. 8 Average RMS (root mean square) value of FVN samples.

FVN samples. The number of iterations was 1,000. The legend
represents the nominal band width. This plot indicates that FVN
is highly localized and designed easily.

5. Application to speech and singing synthesis
Sparseness of OVN is useful for efficient implementation of

unvoiced sounds in speech and singing synthesis. FVN has two
applications. By allocating each FVN with the same temporal
separation and generating it using different random sequence, it
provides an excitation signal spanning from random signal to a
purely periodic pulse. The other application is to use one FVN
for a filter for reducing buzziness of synthetic voices. Nonlinear
frequency axis warping with the group delay representation
provides flexible excitation source design procedure. It will be
further research topic.

The MATLAB codes are linked from the author’s page. They
are placed on GitHub and open to everyone.

6. Conclusion
This article introduced the velvet noise and its variants for

speech and singing synthesis application. The original velvet
noise is useful for efficient implementation. The frequency
domain variant is useful for a unified flexible excitation signal
and for a buzziness reduction filter. Perceptual evaluation of these
applications are further research topics.
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