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Abstract. The paper describes voice assignment techniques for synchronized
scenario speech output in an instant casting movie system that enables anyone
to be a movie star using his or her own voice and face. Two prototype systems
were implemented, and both systems worked well for various participants,
ranging from children to the elderly.
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1 Introduction

Instant casting movie system (ICS) is an entertainment system that allows participants
to instantly appear in a movie as a CG character [1]. In ICS, all processes are performed
automatically (Fig. 1): scanning of the face shape and image, reconstruction of the 3D
face model, and generation of onscreen appearance and movement. However, assigned
voices of the participants’ CG characters were only switched pre-recorded male or
female voices, depending on the gender of the participant. Our goal is to extend the
functionality of voice assignment for the ICS. The participant’s CG character should be
assigned a voice that is matched and similar to the participant’s own voice. In addition,
the voice quality should be better matched to the CG movie quality. Since the CG
character has various facial expressions, the voice should communicate various
expressions of emotions. Various speech synthesis techniques have been proposed [2-5].
However, it is difficult to generate high quality voices that match the various scenes.
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Excessive deformation of the speech waveform is especially difficult without degrading
voice quality.

In this paper, we introduce three approaches to extend the voice assignment
function: quick post-recording, similar speaker selection and voice morphing. For
short scenarios, participants can record scenario speeches directly using our post-
recording tool. For long scenarios, participants can participate in the movie easily
using the combined approaches of similar speaker selection and voice morphing. We
have developed prototype speech synchronization systems. Scenario speeches can be
output synchronously along with the CG character using our systems.

(a) Scan the face of a participant  (¢) Apply the 3D face model toa CG character
: e v | I -

Fig. 1. Instant casting movie system (ICS)

2 Quick Post-recording Tool

If the most significant feature of voice casting is that the CG character acts as the
participant with the participant’s voice, one of the best solutions is to directly record
the scenario voice from the participants. However, it is difficult for participants to
record their own voices for synchronization with the movie. This recording task,
called post-recording, is widely used in movie and animation production. The
accuracy of synchronization between voice and acting depends on the skill of voice
actors. Adjusting the timing of the scenario speech takes a long time for non-
professional voice actors. In addition, these post-recording environments for
professional use are expensive and complicated, and must be manually operated by
skillful sound engineers. Considering the cooperative work of ICS, the following
system requirements of the post-recording tool must be provided: 1) various timings
of post-recording information; 2) automatic post-processing function of recorded
voices.

2.1 Designing the Timing Information of Post-recordings

An important system requirement of a post-recording system is to produce scenario
speech synchronously with the character’s action in the movie. To fulfill this
requirement, our tool provides users six types of timing information: movie,
BGMY/SE, time code, reference voice for voice-over acting, colored text like karaoke,
and rhythmic information. Rhythmic information is generated by repetitively
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displaying the target scene over a constant period. Our tool can also be selected
with/without a reference voice for voice-over acting, since the reference voice
sometimes influences the user’s acting.

2.2 Automatic Post-processing

To use our post-recording tool in ICS, participant’s voices should be inserted into a
movie soon after they are recorded. However the post-processing of recorded voices
is time-consuming, especially for sound engineers who manually extract the essential
parts of recorded voices to be synchronized with the corresponding movie shots. Thus
an automatic post-processing mechanism for recorded voices should be implemented
to eliminate such time-consuming work.

2.3 Prototype of Post-recording Tool

We developed a post-recording tool that fulfills the requirements. Fig. 2 shows a
screenshot of our tool. Participants operate this tool with a touch-screen. The user
speaks the script, which is synchronized with the video images. This tool has the
following functions for supporting voice and lip synchronization: displaying the time
code and the transcript text, and voice-over enable/disable buttons. The voice volume
of user utterances can be checked using a meter. The video images for the post
recording are repeatedly played by pushing the "OK" button to send a signal that the
user felt a sentence recorded correctly. In our tool for ICS, manual post-processing is
not needed, since our tool automatically extracts and saves the user voices that fit the
length of the target scenes.

Transcription Window

Fig. 2. Screenshot of post-recording tool

2.4 Evaluation of Post-recording Tool

In this section, we evaluate our prototype system in terms of three points: stability of
real world use, ease of operation, and shortening of voice acquisition time.
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Stability. We exhibited our system from February 10th to 11th, 2008 at the Miraikan
Museum in Tokyo. The system worked well with 162 participants (including 79
children) for post-recording. While the children needed the support of a parent or an
attendant to use our system, many participants could easily understand and operate it.

Ease of operation. We ran a subjective test to evaluate our system. 99 subjects
between the ages of 18 and 63 tested it and answered some questions. To evaluate
ease of operation, we asked the following question: “Was the operation of this post-
recording system easy?” As a result. 64% of the subjects responded that our system’s
interface could be operated easily (Very Easy=13%, Easy=51%, Neither=11%,
Difficult=11%, Very Difficult=23%).

Acquisition time. To evaluate the efficiency of data acquisition, we measured
operation time using our system. For comparison, we measured the manual recording
operation time using popular sound recording equipment with an operator. In manual
recording, the subject speaks the lines of the script while watching the movie and the
scenario text, and listening to the BGM/SE and the reference voice. After this manual
recording, the operator must manually split the recorded voice using sound editing
software. In manual recording, the average recording and splitting operation times of
the eleven subjects were 64 minutes and 69 minutes, respectively. On the other hand,
using our system, the recording operation time averaged 77 minutes with 91 subjects.
In our system, the voice splitting operation time includes the recording time. Our
system reduced the total recording time by 42% in comparison with manual
recording. In addition, the number of professional operators can also be reduced using
our system, since the subjects themselves operated our system in this evaluation of
operating time.

3 Selecting Similar Speakers

The similar speaker selection process selects from the voice actor DB an actor with a
voice similar to that of the participant, and assigns the selected voice to the character.
In this approach, the voice quality does not undergo any degradation. However,
the possibilities with regard to the extent of voice similarity that can be achieved
are limited to the size of the voice actor DB. Various acoustic features related to
the perception of speaker similarity were reported independently [6-9]. However the
personality of a speaker is evinced not only in the voice quality but also in the
prosodic intonation. Therefore, we need to consider multiple acoustic features for
various voice characteristics. The key technology of our method is to combine
multiple acoustic features that are used to calculate perceptual similarity into our
system implementation so as to realize within the ICS, a closely-matched voice for
each participant's character.

3.1 Estimation Method

We estimate the perceived similarity of speakers by participants using a combination
of multiple acoustic features for greater accuracy. The perceptual similarity estimate s
is calculated using Equation 1.
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s = —Zn: o, x; (D
i=1

In this equation, n is the number of acoustic features, x; is the distance of the ith
acoustic feature between the voices, and & is the weighting coefficient for each such
distance between acoustic features.

We use 8 acoustic features related to voice personality. These are the Mel
Frequency Cepstral Coefficient (Static: 12 + Dynamic: 13 = 25 dimensions)[6], the
STRAIGHT Cepstrum of over 35 dimensions and 1st dimension [7], the Spectrum of
over 2.6 kHz, the STRAIGHT-Ap under 2 kHz [8] that is a parameter of STRAIGHT
[10], the fundamental frequency, the formants (F1 - F4), and the spectrum slope
between 0 kHz - 3 kHz [9]. To extract these acoustic features, we use a window
length of 25 ms and the shift rate of 10ms.

We calculate the distance between the acoustic features with Dynamic Time
Warping (DTW). DTW distance is commonly used in a wide range of pattern
recognition systems. It can estimate perceptual similarities accurately because it
represents the temporal structure of acoustic features.

3.2 Optimization of Weighting Coefficients

To increase the correlation between the perceived similarity as reported by the
subjects and that estimated using our method, we optimize the weighting coefficient
& in Equation 1. To select a target speaker from a speaker DB, we represent the
perceived similarities of the other speakers to the target by ranking the speakers in a
permutation. The ranking is determined by quick sort based on subjective judgment.
A subject judges similarity considering various speech features. Then the weighting
coefficients ¢ are optimized using the steepest descent method to increase the
Spearman's rank correlation coefficient between the ranking of perceived similarity
and that of acoustic similarity. Acoustic similarity is calculated using Equation 1.
Spearman's rank correlation is shown in Equation 2.

627:1 (:Bz —7 )2 2)

=1-
P N?—-N

In this equation, ,B is the ranking with respect to perceived similarity ascribed by
the subject. ¥ is the acoustic similarity ranking derived by using our method. N is the

number of units of speech data. For this optimization, we used speech data uttered by
36 speakers.

4 Voice Morphing

The Voice morphing approach is based on blending a few voices to generate a voice
similar to that of the participant. Our approach is based on STRAIGHT [10] voice
morphing, which is an extra-high-quality voice morphing technique [11]. The key



182 S. Kawamoto et al.

technology in our approach enables the automatic estimation of the optimal blending
weights required to generate a voice similar to that of the participant.

4.1 Two Speakers’ Voice Morphing

The basic idea of voice morphing is to generate an intermediate voice from two
source voices by using an arbitrary blending ratio [12]. STRAIGHT-based morphing
[11] handles the feature vectors of time-frequency representation derived by
STRAIGHT [10], STRAIGHT spectrogram, Aperiodicity Map and F0. Time-
frequency transformation of each feature vector is represented as a simple piecewise
bilinear transformation with the same blending ratio.

4.2 Multiple Speakers’ Voice Morphing

Takahashi et al. extended a conventional STRAIGHT-based morphing system to a
multiple-speaker morphing mechanism [13]. The procedure is almost the same as that
of conventional STRAIGHT-based morphing; it involves 1) anchor points,
characteristic corresponding points in the time-frequency domain that are manually
assigned on each reference spectrogram; 2) time-frequency transformation, which is
derived from target and reference feature vectors based on the anchor points; and 3)
reference feature vectors, which are morphed to mapped target feature vectors x,,,
based on Equation 3 with a blending ratio vector r.

S
Xy = D 1,X 3)

s=1

where r; is the blending ratio for speaker s, and x; are the feature vectors for speaker s.

4.3 Voice Morphing for Generating Specific Speakers

We introduce our technique which can estimate a blending ratio vector to generate a
specific speaker's voice based on multiple-speaker morphing. In this paper, we
estimate a blending ratio vector that satisfies the following formula.

er

2
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“

mrp

I =arg min”y -X
r

r={r.r...rl &)

where y is the feature vector of target speaker, and I is the estimated blending ratio
vector. In this method, the blending ratio vector is minimized to yield the following
formula.

(r)
Z(y, (f)-x (Frrf ®

Mm

e(r) =

1

|
Il



Personalized Voice Assignment Techniques for Synchronized Scenario Speech Output 183

where Y- (f) is the feature vector of a target speaker with a regularized time

domain, x; (f) = [x;l)(f),x;z)(f),...,xés)(]?)] are feature vectors for reference

speakers, and S is the number of reference speakers. ]? and f refer to time and
frequency domain elements, respectively, regularized by anchor points and a blending

ratio vector ¥. T (F) is the regularized speech duration in the time domain, as
shown below.

- S
T(#)=) 1T, )
s=1

Since the STRAIGHT-based voice morphing process controls various features by
the same blending ratio vector in the time-frequency domain, it is difficult to solve
Equation 6 analytically. Therefore, we use an iterative approach to solve for a
blending ratio vector using the following formulae.

A A

I'n+1 = rn _aEn (8)
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where e'(f‘) is an approximation formula of Equation 6 that assumes the blending

LA > |kvr<sr . .
ratio I is constant. X = [X ,X, ..., XL | are regularized feature vectors in
n 1 2 T(%,)

the time-frequency domain that are updated n times by the blending ratio vector f'n .

v T T . . . .
Y= [y L 9Y2 seees y;. G )]T are regularized feature vectors in the time domain that are
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updated by a blending ratio vector f‘n .X; ,X;’,and y; are defined as follows.

X, =[x x9] (10)
xgj> = [x;;*>(1),xg‘>(2),...,x;f’(ﬁ,),...,x;j’(F)]r (11)
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In this paper, we adopt & as 1, the number of iterations as 20, and the number of
reference speakers as 8.
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5 Implementation of Synchronized Speech Output

Fig. 3 shows our prototype system for ICS. Participants record their own speech using
recording PCs. Input is a voice speaking a sentence which was recorded by each
participant. Similar Voice Selection Servers and Voice Morphing Servers calculate
the results of scenario speeches that are intended to be similar to the participants'
voices. We have recorded 60 different kinds of voices to construct the voice DB of
this system. This DB covers a wide range of participants, in terms of age (subjective
ages: 6-63). In addition, this DB has a balanced male-female ratio (subjective gender:
male=29, female=31). These scenario speeches are played based on a Longitudinal
Time Code (LTC) that represents time synchronization with video images. The
Display PC outputs video images and stereo audio, which consists of the LTC and the
recorded sound (a mixture of BGM and SE). The audio composite PC sends speech
data to the mixer based on the LTC. The mixture of speech data and sound is sent to
the audio speakers. The image composite PC also sends video data to the display
based on the LTC. As for the prototype system's movie content, we used “Grand
Odyssey,” which was exhibited at the 2005 World Exposition in Aichi, Japan. Our
system can be used easily and quickly by various participants-ranging from children
to the elderly-because it is based on participants having to record one specific
sentence only. We exhibited our system on March 20-22, 2009, at the Miraikan
Museum in Tokyo. The system was tested by over 100 participants, including
children and elderly people, and was found to work well.

‘ii}Processing ‘ ‘iii)PIaying ‘

_Recording PCs
- Audio
Voice File Server Compoasite )
G PC _~~, Scenario
== i < \ speechdata
’u Scenarig
. speech
Voice data
(User #2)
Voice : S
(User #3) Processing =]
Results
Voice AN
(User #4) -
|
Voice Similar Voice Image
(User #5) Voice Morphing Composite
Selection Server PC
User#5 Server

Fig. 3. Overview of prototype system
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6 Discussion and Conclusion

In this paper, we described two types of scenario speech assignment systems to
extend the casting functions of ICS. Our system worked well for various participants.
Since synchronization of these scenario speeches was based on LTC, all three
approaches can be combined into the same system.

The voice post-recording tool can be operated intuitively with various timing
information. In this system, participants feel that they participate directly in the movie
production, since participants uttered their scenario speech directly. However, the
post-recording task is time-consuming, if the scenario speech is too long. In our post-
recording strategy, scenario speech should be kept short to avoid overload of
participants’ tasks. In addition, it is difficult for most people to utter exaggerated
expressions matched to the target scenes. Thus, the quality of movie output depends
on participants. One of our future target projects is to modify the expression style of
recorded voices automatically to match the target scenes.

The combined approach of similar voice selection and voice morphing also worked
well by recording an input sentence for each participant. In this approach, workload of
participants is less than in the post-recording approach, since participants only
recorded a read speech, without exaggerated expression. Quality of output movie is
stable, since scenario speech is based on voice DB, which was recorded by
professional voice actors preliminarily. However, similarity of output voice depends
on the size of voice DB. It is important to establish an archetype for the design
strategy for the construction of a voice actor DB. Constructing a voice actor DB is a
time- and money-intensive task. In voice morphing, assigning anchor points is also
time-consuming. In order to improve the efficiency of these tasks, our system needs to
incorporate other features. In addition, the use of the voice morphing technique leads
to a slight degeneration in the speech quality of output voices. At present, we check
the voice quality of outputs manually. One important course of future work is to
develop an automatic speech quality evaluation technique. This technology will
reduce operational costs of our system.
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