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Abstract

This paper discusses recent work in synthesizing a breathy qual-
ity in pre-recorded speech, which has applications in voice mor-
phing and concatenative TTS. Previous work has shown that the
breathy quality in speech is characterized in part by the presence
of random noise in the upper region of the spectrum [1]. The
sinusoidal modelling representation of speech facilitates making
high-quality modifications to speech signals as well as modify-
ing regions of the spectrum independently. We use sinusoidal
modelling, along with techniques borrowed from analog commu-
nication systems to simulate aspiration noise in wideband speech
signals above some lower cutoff frequency. Specifically, we use
techniques based on amplitude modulation (AM) and phase mod-
ulation (PM), with the harmonics from the sinusoidal model of
speech as carriers and lowpass random noise as the message sig-
nal. Formal listening tests were conducted and listeners rated
the synthesized effect as “breathy” more often than in natural
non-breathy speech, but significantly less often than in naturally
breathy speech.

Index Terms: speech modification, voice conversion, sinusoidal
modelling, concatenative TTS.

1. Introduction
In addition to the intended message sent from source to receiver,
speech signals can convey other information such as speaker
identity, and emotional state. Vocal qualities in the speech signal
can enrich and emphasize (and sometimes even contradict) the
information in the message. Breathiness can be characterized in
an acoustic-articulatory sense by the presence of aspiration noise
in higher frequency regions of the spectrum of the speech sig-
nal. In a perceptual sense, breathy speech is an important cue in
determining, fatigue, emotional state and the presence of certain
pathological conditions [2].

Breathiness plays an important role in Text-to-Speech Syn-
thesis (TTS) systems as well. The presence of breathiness makes
synthetic speech sound more natural and is an important feature
in many rule-based TTS systems. While concatenative TTS sys-
tems accomplish the most natural-sounding synthetic productions
of speech among state-of-the-art TTS, the use of pre-recorded
speech limits the ability of these systems to control the degree of
breathiness.

As breathiness is important in the perception of naturalness
in speech, it is also important in the perception of speaker iden-
tity. The ability to add breathiness to pre-recorded speech has the
potential to improve the quality of voice conversion algorithms
significantly when the “target” speaker has a characteristically
breathy voice.

In this paper we present recent work in synthesizing the
breathiness quality in natural, pre-recorded speech. We use a si-
nusoidal modelling framework and lowpass random noise to syn-
thesize the effect of aspiration in the upper regions of the spec-
trum in voiced sounds. We borrow basic concepts from Ana-
log Communication Systems, specifically Amplitude Modulation
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) and Phase Modulation (PM), to synthesize breathiness in
ech.

Previous studies have used randomization [3] and random
se [4] [1] to devoice regions of the spectrum, but only in the
text of purely synthetic speech. Stylianou [5] used modulated
se in a sinusoidal modelling context but only to model non-
monic components (including aspiration) of existing speech
nals, not to enhance or modify them.

The rest of the paper is organized as follows: Section 2 pro-
es a brief review of message-carrier analog communication
tems. In Section 3 we discuss our techniques for synthesizing
athiness in speech. In Section 4 we discuss our procedures for
eriment and evaluation. Section 5 discusses our results and
lly conclusions and future work are given in Section 6.

2. Analog Communication Systems
alog communication systems are too varied in concept, appli-
ion and implementation to be treated fairly in this short sec-
. We limit this brief review to discuss only the concept of

ssage-carrier modulation, wherein some time-varying prop-
(typically the amplitude) of an information-bearing signal

led the message is systematically encoded in another signal
led the carrier. We further limit this discussion to continuous-
ve modulation systems [6], which are characterized by having
inusoidal carrier wave. Amplitude Modulation (AM) and Fre-
ncy Modulation (FM) are used in the broadcast transmission
udio and video signals and are, as such, the most familiar ex-

ples of continuous-wave modulation systems. AM and FM,
ng with Phase Modulation (PM) are briefly discussed in the
t section.

. AM, FM and PM systems

pressions for the AM, FM and PM systems for analog commu-
ation are given in equations 1, 2 and 3, respectively.

xAM (t) = Ac[1 + Amsgxmsg(t)] cos ωct (1)

xFM (t) = Ac cos (ωct + 2πAmsg

∫ t

xmsg(λ)dλ) (2)

xPM (t) = Ac cos (ωct + Amsgxmsg(t)) (3)

In each case, xmsg(t) is the message signal, ωc is the fre-
ncy of the carrier wave, and Amsg is a constant multiplier

led the modulation index. In AM systems, the amplitude of
carrier wave is modified with proportion to the amplitude of

sg . In PM and FM, the message xmsg(t) modulates the argu-
nt (or angle) of the carrier sinusoid rather than the amplitude.
ll cases the message signal xmsg can be recovered with vary-
fidelity when an inverse operation (demodulation) is applied

he receiver.
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3. Synthesizing breathiness in speech
In our analysis, we find that the breathiness quality is character-
ized in part by the presence of modulated noise in higher fre-
quency regions of voiced speech. A female speaker was asked
to say the same phrase twice, with and without a breathy quality
in her voice. Recordings of the utterances were made at 22kHz
sampling rate and their spectrograms (cut at 4kHz) are given in
figure 1. A noise-like presence above 1.5kHz is clearly seen in
the spectrogram of the breathy version of the utterance in figure 1
(b), but not in the normal, or non-breathy version in figure 1 (a).
Most notably we consistently found that harmonics in the upper
region of the spectrum are easily distinguishable in perceptually
non-breathy speech, but not in breathy speech 1 The rest of this
section discusses our methods for synthesizing this effect in pre-
recorded speech.

(a) Normal
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Figure 1: Spectrograms of two recordings of the utterance
“Record the next.” spoken by the same female voice actor in-
structed to speak (a) normally and (b) with a breathy quality in
her voice.

3.1. Sinusoidal modelling framework

Sinusoidal modelling [7] has become a popular framework for
making high quality modifications to speech signals. In addition,
the sinusoidal modelling representation of speech also allows for
modifying regions of the spectrum independently. For these rea-
sons we use a modified version of the system in [8]; specifically,
we use an experimental version of its reconstruction/synthesis
phase. Equation 4 describes our system for reconstructing the
lth voiced frame of speech

sl(t) =

N(l)∑
k=0

Al
k(t) cos (kωl

0(t) t + φl
k) (4)

where N(l) is the number of harmonics in frame l and φl
k is

the phase at the time analysis instant for the frame. Al
k(t) is

the time-varying amplitude function for the lth voiced frame and
is determined by interpolating amplitude values Al

k and Al+1
k at

time analysis instants for the lth and (l + 1)st voiced frames.
The time-varying function for the fundamental frequency ωl

0(t)
is similarly determined from ωl

0 and ωl+1
0 . A DFT representation

is used for unvoiced frames, which are synthesized with a simple
inverse DFT operation.

1For a detailed analysis of the acoustic correlates of breathy speech,
the reader is referred to [1].
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. Message/Carrier model

hough there are many important differences in the frequency
racteristics of linear (AM) and exponential (FM and PM)
tinuous-wave modulation systems, the transmitted waveform
ach case is a bandpass signal centered at the carrier frequency
With respect to an unmodulated carrier sinusoid, the trans-

ted waveform is significantly more spread out in frequency.
exploit this property of continuous-wave modulation systems
ynthesize the characteristic of breathiness in speech. Specif-

lly, we use the harmonics in our sinusoidal modelling frame-
rk as carriers and lowpass-filtered random noise as the mes-
e in voiced frames. Unvoiced frames are not modified.
As previously discussed, we characterize breathy speech by
presence of random noise at higher frequency regions of the
ctrum. We create a noise function xmsg(t) and use some mod-
tion technique to apply it to regions of the spectrum above a
cified frequency threshold ωco.
xmsg(t) is created by generating 100 frames (5 ms) of uni-

m random noise and applying to it a lowpass elliptical IIR filter
h a cutoff frequency ωBW . The signal is then normalized to
e unity standard deviation and used as the message in the AM
PM systems as described in the following sections.

. PM in sinusoidal modelling

our system for synthesizing breathiness, phase modulation is
lied only to voiced frames according to equation 5.

M (t) =

N(l)∑
k=0

Al
k(t) cos (kωl

0(t) t + φl
k + αmsgxmsg(t))

(5)
The message signal xmsg(t) is scaled by a constant amsg

simply added to the argument of the oscillator (i.e. the co-
e function) from equation 4. Modifications are made only to
monics with frequency kωl

0 such that kωl
0 > ωco.

Three parameters in our PM system are easily varied to mod-
the degree of breathiness: the message amplitude αmsg , a
er cutoff frequency for speech modification ωco and the band-
th of the message signal.
Spectrograms (cut at 4kHz) of an utterance from a female

aker before and after phase modulation is applied, are given in
res 2 (a) and 2 (b), respectively. The lower cutoff frequency
PM in figure 2 (b) is ωco=1.5kHz. It is clear from the figure
t harmonics of the speech signal with frequencies greater than

have been modified. The bandwidth ωBW of the message
nal in this example is 100Hz.

Since the frequency characteristics of FM and PM are similar,
y PM was used in our study.

. AM in sinusoidal modelling

plitude modulation (AM) systems predate FM and PM and
used when low fidelity communication is adequate. In the
text of broadcasting an information-bearing signal through the
aves, FM and PM are superior to AM. We show in this sec-
that some of the same properties which disadvantage AM in
munication systems may make it more favorable for synthe-

ing breathiness with sinusoidal modelling.
Since the spectrum of an AM signal is essentially a

quency-translated version of the message signal’s spectrum,
bandwidth is always roughly twice that of the message sig-

. The spectrum of an FM or PM signal is more complex and
bandwidth is not so easily predicted given the message signal

sg(t). For this reason the effects of synthesizing breathiness
the spectrum of the speech signal are more easily controlled
analyzed when AM-based techniques are used instead of PM.
Two methods for synthesizing breathiness based on AM were

eloped in this study, and are given in equations 6, and 7.
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Figure 2: Spectrograms of one recording of “Is modernizing.” (a)
The original recording. (b) The recording after modification with
the PM algorithm with lower cutoff frequency ωco = 1.5kHz
and message BW ωBW = 100Hz. (c) The recording after being
modified by the AM algorithm with ωco = 1.5kHz and ωBW =
100Hz.

ŝl
AM1(t) =

N(l)∑
k=0

[αDC + αmsgxmsg(t)] · Al
k(t) cos (kωl

0(t) t + φl
k) (6)

ŝl
AM2(t) =[

1 + αpitch cos (ωl
0(t) t)

]

·
N(l)∑
k=0

[αmsgxmsg(t)] · Al
k(t) cos (kωl

0(t) t + φl
k) (7)

The first system, expressed in equation 6, is taken directly
from standard AM. The message signal xmsg(t), scaled and
added to a DC offset αDC , modifies the amplitude of each har-
monic above the lower cutoff frequency ωco. The best initial re-
sults were obtained when αDC was set to zero. The DC coeffi-
cient makes signal recovery possible in AM communication, but
is not needed in this application.

The spectrogram of the utterance “Is modernizing,” after ap-
plying AM with αDC = 0, is given in figure 2 (c), where the
bandwidth of xmsg is 100Hz, and the lower cutoff frequency ωco

is 1.5kHz. Figure 3 (a) gives a view of a shorter portion (0.1 sec-
ond) of the same waveform, but with a wideband (344Hz) spec-
trogram. Figure 3 (a) shows that in the modified region of the
spectrogram, vertical striations that reflect time-periodic behav-
ior in the waveform are not easily seen. To correct this apparent

10

20

30

40

50

60

70

Fig
BW
pitc

arti
syn
pitc
in t
har
sig
the

Th
for
ters
ban
In
of
ple
ωco

ωco

the

min
rea
pre
pitc
abl
ime

4.1

To
nat
ma
cor
jec
the
the
“br
for
and
bee
ord
in r

the

1792

INTERSPEECH 2006 - ICSLP
(a) AM 
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ure 3: Wideband spectrograms of AM with 100Hz message
and lower cutoff frequency of 1kHz (a) without and (b) with

h-synchronous multiplier term.

fact, we introduce a new term in equation 7 called the Pitch-
chronous multiplier equal to (1 + αpitch cos (ωl

0(t) t)). The
h-synchronous multiplier restores time-periodic behavior lost
he modification to the speech signal and is simply the first (F0)
monic raised by a DC term. The spectrogram of the speech
nal in figure 3 (a) is shown in figure 3 (b) after incorporating
pitch synchronous multiplier.

4. Experimental procedure
e previous section describes two frameworks (AM and PM)
speech modification, each of which has 3 important parame-
: the lower cutoff frequency for modification ωco, and the
dwidth and amplitude of the message signal, ωBW and αmsg .

all cases, higher values of ωBW and αmsg increase the effect
the modification on the speech signal, but can also cause dis-
asing distortion if set too high. The lower cutoff frequency

controls the region of the spectrum to be modified. Setting
too low ( < 1kHz) also introduces displeasing artifacts into

speech signal.

In our experiments we sought to synthesize breathiness with
imal degradation in the audio quality of the speech. For this

son we chose conservative values of ωco, ωBW and αmsg . In
liminary tests (with aggresive parameters) we found that the
h-synchronous multiplier term in equation 7 caused a notice-

e degradation in audio quality, and was not used in our exper-
nt.

. Listening tests

evaluate our system we conducted formal listening tests. 28
ive speakers of North American English, 15 female and 13
le, were recruited to listen to 24 sentences and rate them ac-
ding to two criteria: audio quality and breathiness. The sub-
ts were first asked to rate the audio quality of each sentence
y heard on a scale of 1 (poor) to 5 (excellent). They were
n asked whether they would characterize each sentence as
eathy” or not; only responses of “yes” and “no” were accepted
this question. The sentences were played in random in order,
listeners were not told that any synthetic modifications had

n made to the speech signal. To account for the effects of list
er, one half of the listeners were given a playlist of sentences
everse order.

We chose one set of parameters for AM and PM and applied
m to 12 speech utterances. We chose the AM algorthm, with



Table 1: Experimental procedure. A breakdown of the condi-
tions under which sentences in the listening test were recorded
and modified and the number of sentences in each category. The
AM and PM algorithms were only applied to “normal” sentences.

Table 2: Mean opinion scores (MOS) of audio quality.

DC offset αDC = 0, lower cutoff frequency ωco of 2kHz and
a message bandwidth, ωBW , of 100Hz. For PM we also chose
2kHz, and 100Hz for ωco and ωBW , respectively. In both cases
the message amplitude αmsg was set to 1.0, giving the message
signal unity standard deviation. In the remaining 12 sentences,
the AM and PM algorithms were not applied.

Table 1 gives a breakdown of the conditions under which all
24 sentences were modified and recorded. For 6 of the 12 sen-
tences to which AM and PM were not applied, the voice actor
recording the sentence was instructed to speak with “breathiness”
in her voice. We refer to these sentences as “Instructed Breathy”
in table 1 and hereafter in this paper. The voice actor recording
the other 6 sentences was not given this instruction. We refer to
these sentences as “Normal.”

Since we used an experimental reconstruction framework
based only loosely on the IBM sinusoidal modelling system, we
sought to study the effect of our baseline speech modification sys-
tem on the quality of the speech produced. To this end, 6 of the
12 sentences to which the AM and PM algorithms were not ap-
plied were passed through the sinusoidal modelling system with
the “identity parameters,” i.e. with no intentional modifications.
We refer to these sentences as “unmodified” in table 1. We re-
fer to the other 6 sentences, which were never passed through the
sinusoidal modelling system, as “original.”

5. Results
Results from formal listening tests are summarized in tables 2
and 3. Table 2 gives mean opinion scores (MOS) of audio quality
for the “original” and “unmodified” sentences along with those
modified by the AM and PM algorithms. Listeners rated the base-
line sinusoidal modelling system, represented by the “unmodi-
fied” category, lower than “original” by 0.42. AM rates higher
than PM by 0.28. Surprisingly, sentences to which the AM al-
gorithm were applied rate close to original (a difference of 0.25)
and actually rate higher than “unmodified”. The likely cause of
this particular result is a mismatch in the recording environment,
i.e. in some of the recordings a low but observable noise (the hum
of a desktop PC) is present.

Breathiness ratings are given in table 3. As expected, ratings
were low for the normal group of sentences, and high for “in-
structed breathy.” Specifically, 84.67% of “Instructed Breathy”
sentences were rated as breathy by the listening group, along with
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le 3: Breathiness Ratings. The fraction of listeners, for each
tence category, who responded “yes” to the breathiness ques-
.

7% of sentences in the normal group. 22.67% of PM sentences
15.33% of AM sentences were rated as breathy by the lis-

ing group. While both AM and PM rate higher than normal,
eners overall rated them much lower than “instructed breathy.”

6. Conclusions and future work
e initial results show that, to some listeners, the breathy quality
s effectively synthesized, but that there is room for improve-
nt. Future plans include increasing the degree of breathiness
contexts where it is usually found, e.g. in vowels following
sonants, especially plosives and fricatives. We also intend to
ke dynamic changes to the lower cutoff frequency for modi-
tion, particularly so that it corresponds to the location of the
d formant [1].
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