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(57) ABSTRACT 

A system and method for generating a video sequence 
having mouth movements synchronized with speech Sounds 
are disclosed. The system utilizes a database of n-phones as 
the Smallest selectable unit, wherein n is larger than 1 and 
preferably 3. The system calculates a target cost for each 
candidate n-phone for a target frame using a phonetic 
distance, coarticulation parameter, and speech rate. For each 
n-phone in a target sequence, the system searches for 
candidate n-phones that are visually similar according to the 
target cost. The system samples each candidate n-phone to 
get a same number of frames as in the target sequence and 
builds a video frame lattice of candidate video frames. The 
system assigns a joint cost to each pair of adjacent frames 
and searches the video frame lattice to construct the video 
sequence by finding the optimal path through the lattice 
according to the minimum of the Sum of the target cost and 
the joint cost over the sequence. 
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SYSTEMAND METHOD FOR 
TRIPHONE-BASED UNIT SELECTION FOR 

VISUAL SPEECH SYNTHESIS 

PRIORITY CLAIM 

The present application is a divisional of U.S. patent 
application Ser. No. 11/675,813, filed Feb. 16, 2007, which 
is a continuation of U.S. patent application Ser. No. 10/143, 
717, filed May 10, 2002, now U.S. Pat. No. 7,209,882, the 
contents of which are incorporated herein by reference in 
their entirety. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to synthesis of a photo 

realistic video sequence and more specifically to an 
improved system and method of selecting image frames 
from a multimedia database to generate the video sequence. 

2. Discussion of Related Art 
Computer-generated talking heads or virtual agents are 

becoming increasingly popular and technology improves 
their realistic appearance and Sound. Recently there has been 
increasing interest in a sample-based, or data-driven, face 
animation approach. Such systems record a large corpus of 
talking head video sequences and create an inventory of 
Video frames by labeling and indexing these images. During 
the synthesis of visual text-to-speech (TTS), the system 
retrieves the appropriate video frames and concatenates 
them into a video sequence. The process of labeling and 
indexing images renders the visual TTS process costly and 
time-consuming. 

The difficulty with the concatenative approach is that 
selecting frames from a large corpus can be very time 
consuming, depending on the size of the corpus and the 
length of the video sequence to be synthesized. Many 
companies that produce natural-looking talking heads must 
use recorded samples of mouth movements and therefore 
face the same problem of how to select frames from a large 
corpus. 
AS Video synthesis produces more and more photo-real 

istic heads, an automatic objective measure is needed to 
quantify the synthesis result. Up to now, quality assessment 
has been done mostly through subjective tests, where mul 
tiple people look at the results. This is a tedious and 
time-consuming process that cannot be applied in order to 
tune the synthesis algorithms. 
When synthesizing a talking head, the corollary technol 

ogy to the visual aspect of the talking head is the audio 
portion, or the TTS technology. Concatenative speech Syn 
thesis has become a popular approach in TTS systems. By 
selecting and concatenating recorded speech segments from 
a database, this approach produces more natural Sounding 
speech, compared with other methods such as model-based 
synthesis. In contrast, most of the visual speech synthesis, or 
speech-synchronous face animation systems, use a synthetic 
3D face model with texture mapping. This approach requires 
only a small corpus of texture images and the animation 
process involves only texture warping, which is relatively 
efficient. However, it is unable to capture all the nuances of 
a real talking head. Moreover, warping the textures some 
times generates artifacts around the mouth region, which 
makes the head look artificial. 

Yet another disadvantage of the traditional methods is that 
they fail to enable a real-time generation of photo-realistic 
visual TTS. The requirement of handcrafted labeling and 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

2 
indexing of images eliminates any opportunity to generate 
real-time visual TTS. As mentioned above, current methods 
that speed up the generation of visual TTS apply model 
based techniques that look artificial and are not convincing. 
These deficiencies further preclude an acceptable applica 
tion of visual TTS for interactive virtual agent scenarios 
where the agent needs to respond in real-time to the inter 
active input from a user. 

Further, until visual TTS technologies improve, their 
acceptance will be hindered, given the poor impression an 
unacceptable experience with a virtual agent has on a 
company’s customer. Thus, the unmet challenge in the 
visual TTS technology is how to provide photo-realistic 
talking heads in real time. 

SUMMARY OF THE INVENTION 

What is needed in the art is a system and method for 
accelerating the synthesis of photo-realistic visual text-to 
speech. The system and method disclosed herein accelerate 
the synthesis of Visual Text-to-Speech by several orders of 
magnitude. Compared to techniques that search the database 
frame by frame in order to find the appropriate images, one 
implementation of the new technique has been shown to be 
approximately 140 times faster. 
The present invention addresses the deficiencies of the 

prior art and provides a system and method for enabling a 
fast selection of image frames from a multimedia database 
and enables the real-time synthesis of photo-realistic talking 
heads. The invention relates to a fast search algorithm based 
on, preferably, triphone unit selection. The method is fun 
damentally different in the way the image data are indexed 
and accessed. By identifying the appropriate triphone units, 
the system more quickly identifies the corresponding can 
didate video frames for the video sequence. 
An embodiment of the invention is a method of generat 

ing a sequence of a face animation. A system Such as, for 
example, a personal computer with a 1.5 GHZ, Pentium 4 
CPU performs the method steps as instructed by software. 
Other embodiments of the invention include the steps being 
implemented using hardware devices or a combination of 
software and hardware devices. The type of computer sys 
tem performing the steps according to the invention is 
unimportant and the various computer systems now avail 
able or available in the future can be used to practice the 
invention. 
The method comprises searching a database of phonemes 

where, preferably, a triphone is the smallest unit of selection. 
For each target phoneme sequence, the system searches for 
candidate triphones that are visually and/or phonetically 
similar according to a target cost. After locating a candidate 
triphone, the system samples the candidate triphone to 
obtain the same number of frames as the target triphone. A 
number of candidate triphones are selected and used to build 
a video frame lattice. An index exists between each triphone 
in the database of triphones and the candidate video frames. 
Accordingly, using the process of selecting triphones from 
the text-to-speech data, the associated (indexed) candidate 
video frames are more quickly and efficiently selected to 
generate the video frame lattice. Finally, the system per 
forms a Viterbi search on the video frame lattice by mini 
mizing a Sum of the target cost and a joint cost over the 
whole sequence. 
The higher speed and better efficiency enable a number of 

applications that would otherwise not be possible or only 
with special-purpose hardware. Without this technique, one 
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could not generate photo-realistic talking heads in real time 
and therefore no interactive applications, such as customer 
service, would be possible. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The foregoing advantages of the present invention will be 
apparent from the following detailed description of several 
embodiments of the invention with reference to the corre 
sponding accompanying drawings, in which: 

FIG. 1 illustrates the components of a visual Text-to 
Speech (TTS) system; 

FIGS. 2A and 2B illustrate individual frames within a 
database of selectable units: 

FIG. 3 illustrates visual distances of frames of different 
phonemes from a phoneme set; 

FIG. 4 illustrates a triphone; 
FIG. 5 illustrates the calculation of a position cost; 
FIG. 6 illustrates turning points and mouth open and 

closures; 
FIG. 7 illustrates a method according to an embodiment 

of the invention; and 
FIG. 8 illustrates a frame lattice showing the selection of 

Video frames to generate a frame sequence. 

DETAILED DESCRIPTION OF THE 
INVENTION 

A concatenative visual speech system 100 includes the 
TTS module 102, which generates a sequence of phonemes 
and their durations, as shown in FIG. 1. The text can be 
generated from any source, such as a dialog manager in a 
spoken dialogue system. 
The TTS module 102 includes text and linguistic process 

ing functionality and generates phonetic labels, prosody 
data, and other data associated with the text, such as duration 
parameters. A synthesis module 104 receives the TTS input 
and searches for appropriate video frames from the video 
inventory and concatenates a series of video frames into a 
sequence of indices. A rendering module 106, finally, reads 
Video frames according to the indices and generates a video 
Sequence. 
The disclosure herein focuses on a system and method of 

generating a video sequence having mouth movements that 
are synchronized with speech patterns. The concepts dis 
closed are also generally applicable to the indexing of 
multimedia databases, in addition to the specific descriptions 
and examples provided herein. The present invention uti 
lizes an index that correlates in-phones or triphones with 
video frames or other media. 
The synthesis module 104 may perform two separate 

steps represented in FIG. 1 by a unit selection module 108 
and a Viterbi search module 110. The unit selection module 
108 retrieves multiple candidate units for each target unit in 
the video to be synthesized. The unit selection module 108 
creates a video frame lattice comprising all the candidate 
units from which the frames for the final video sequence will 
be selected. The Viterbi search module 110 determines an 
optimal sequential combination of the frames from the video 
frame lattice as the resulting video sequence. 
A frame-based unit selection process has been discussed 

in the literature. For example, E. Cosatto and H. P. Graf, 
“Photo-Realistic Talking-Heads from Image Samples'. 
IEEE Trans. On Multimedia, Vol. 2, No. 3, 2000, incorpo 
rated herein by reference, explains that each instance of a 
unit in the database is one video frame, labeled with features 
on three levels: (1) Principal Component Analysis (PCA) 
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4 
coefficients that are calculations related to the mouth region; 
(2) geometrical features related to mouth width and height; 
and (3) phonetic label and prosody. For example, each frame 
in the database is phonetically labeled, as shown in FIGS. 
2A and 2B. FIG. 2A illustrates the frame 112 for the phonetic 
label “ao.” FIG.2B illustrates the frame 114 for the phonetic 
label “iy.” Principal Component Analysis is described, for 
example, in K. Fukunaga, Introduction to Statistical Pattern 
Recognition, Academic Press, New York, 1972. In PCA, the 
Eigenvalues of the covariance matrix on a set of mouth 
images are computed. Then a mouth image is projected onto 
the Eigenvectors with the largest Eigenvalues to compute 
the coefficients describing the appearance of that image. 

For each target frame in the synthesized video, with its 
phonetic label and prosodic information Such as phoneme 
duration generated by the TTS module 102, the system 
selects multiple candidate video frames from the database, 
according to their visual distance from the target frame. This 
visual distance is defined based on the phonetic labels from 
an extended DARPA phoneme set. The DARPA phoneme set 
is a widely used representation of the phonemes in the 
English language. In this regard, the n-phone or triphone is 
used to identify promising candidate video frames. The 
n-phones are used to index the video frame images or even 
image sequences. 

FIG. 3 shows the distance tree of the phonemes in the 
English language. For any two phonemes, the system finds 
the smallest sub-tree they both belong to, and the visual 
distance between them is proportional to the depth of the 
sub-tree. For example, phoneme “uw' 118 and “uh' 120 
each belong to the same depth of sub-tree 124, while “uw” 
118 and phoneme “oh' 122 belong to a sub-tree 126 having 
a much higher level. 

In continuous speech, a phoneme with different preceding 
and following phonemes will be articulated differently. The 
effect of neighboring Sounds influencing each other is called 
coarticulation. Coarticulation is even more pronounced in 
the visual domain than in the audible domain. The mouth 
shape of a phoneme may be different in a different context. 
Therefore, when the system selects frames, it not only 
calculates the distance between the current target frame and 
the candidate frame, but calculates also their neighboring 
frames distances. A weighted sum will be the candidate 
frame's target cost. For example, the weight for the center 
phoneme of a triphone is 1, while the weights for the first 
and the third phonemes in the triphone are 0.5. Therefore, if 
the triphone “ih-ae-n' is compared with the triphone “ih 
ae-dx', the target cost is: 0.5*0+1*0+0.5*2=1. 
The result of the operation of the unit selection module 

108 is a lattice of video frames, with each candidate frame 
having a target cost. The system assigns a joint cost to each 
pair of adjacent frames in the lattice. This joint cost is based 
on the six largest PCA coefficients and two geometrical 
features of the two frames. For example, as the search 
algorithm moves from one frame to the next, it calculates the 
Euclidian distance of the width and height of the mouth plus 
the first six PCA coefficients. 
Assuming that each target frame has N candidate frames, 

and the whole sequence to be synthesized has T frames, the 
result is N' possible combinations to get the final synthesis 
result. The system uses the Viterbi algorithm to search 
efficiently for the optimal path by minimizing the sum of 
target cost and joint cost over the whole sequence. 
The frame-based unit selection described above has to 

search all frames in the database to find candidate frames for 
each target frame and therefore is very slow. Moreover, often 
it has to select a large number of candidates for each target 
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frame so that the Viterbisearch can find an acceptable result. 
This makes the complexity of the Viterbi search also very 
high. 

The present invention relates to a triphone-based unit 
selection approach. In this approach, triphones are the 
smallest selectable unit. FIG. 4 illustrates a triphone having 
a center frame “ae'' 130, a head frame “ih' 132 and a tail 
frame “n” 134. For each triphone in the target sequence, the 
system searches for candidate triphones, which are visually 
and/or phonetically similar according to the target cost 
defined below. After a candidate triphone is found, the 
system samples it to get the same number of frames as in the 
target triphone and builds the video frame lattice. For 
example, if the center phoneme of the target triphone is 
twice as long as the center phoneme in the candidate 
triphone, every frame of the center phoneme in the candidate 
triphone is inserted twice into the lattice of candidate frames 
in order to match the length in the target phoneme. 
The target cost calculation in the triphone unit selection is 

set by taking the following factors into account: (1) Phonetic 
distance—the system calculates the phonetic distance 
between corresponding frames in the target and candidate 
triphone, according to FIG. 5, and then assigns to each 
candidate frame the Sum of these distances; and (2) Coar 
ticulation. By matching on the triphone level, the center 
phonemes will have a similar phonetic context. As for the 
head and tail phonemes, there is a risk that their preceding 
or following context is different, which can be seen in FIG. 
5: Tail phoneme “n” 134 from candidate triphone one 140, 
ih-ae-n, has a following phoneme “t 136, which does not 
match the following phoneme “ow 138 of the target tri 
phone 142, therefore its frames are more likely to have bad 
matches against the target frames, compared with the frames 
from triphone candidate two 144, ae-n-ow. The system sets 
a position cost to frames from the head and tail phonemes, 
and this cost linearly increases when the frame is further 
away from the center phoneme. 

Speech rate will also influence the appearance of the 
mouth. For example, usually the phoneme “ae' has a wide 
open mouth if articulated normally, but this will not appear 
when articulated quickly. Subsampling a normal length 
candidate phoneme to fit into a shorter target phoneme may 
give the viewer an “over-articulated perception. In the unit 
selection according to an aspect of the invention, the system 
sets a duration mismatch cost to candidate frames. 

Overall, each candidate frame's target cost is calculated 
aS 

where p is the Sum of phonetic distances between candidate 
and target triphone, c is decided by this frame's position in 
the candidate triphone, and r is determined by phoneme 
duration differences. The Viterbi search is carried out on the 
lattice of candidate frames by adding joint cost. This means 
that when the search algorithm moves from one frame to the 
next, the cost of visual difference, based on geometric 
features of the mouth and the PCA coefficient, as described 
above, is added. 

FIG. 7 illustrates the steps of the method according to an 
aspect of the invention. As mentioned above, a computer 
device or network will perform the steps of the method. The 
method is not limited to being practiced on a single com 
puter or over a network where the database and the processor 
performing the steps of the invention are not local to one 
another. The method comprises storing n-grams or n-phones 
as the smallest selectable unit (154). The best mode of the 
present invention is to set n=3 but higher or lower values of 
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6 
n may be used depending on the application and needs of the 
service. The system calculates the target cost for each 
candidate triphone using a phonetic distance, coarticulation 
parameter, and speech rate (156). For each triphone in the 
target sequence, the system searches for candidate triphones 
that are visually and/or phonetically similar according to the 
target cost (158) and samples each candidate triphone to get 
a same number of frames as in the target triphone (160). The 
system builds a video frame lattice of candidate frames 
(162) and assigns a joint cost to each pair of adjacent frames 
(164). Finally, the system searches through the video frame 
lattice to construct the video sequence by finding the optimal 
path through the lattice according to the minimum of the 
Sum of the target cost and the joint cost over the sequence 
(166). 
The system that performs the steps of the method may be 

a wired or a wireless system as well. Various configurations 
are contemplated. Such as a computer device having a 
synthesis module comprising a unit selection module that 
performs various steps of the method, e.g., Steps 156-164, as 
well as a searching module that performs step 166. The 
specific configuration of the system is immaterial to the 
present invention since the steps the computer device or 
devices perform are the focus of the invention. 

Databases of recorded sentences are used for generating 
the visual agents. The database may consist of 300 sentences 
of a female US English speaker. Each sentence is recorded 
once, and lasts from 5 to 10 seconds. Recorded at 60 frames 
per second, the database contains about 90,000 video 
frames, all labeled according to the discussion above relative 
to concatenative visual speech synthesis. 

FIG. 8 provides an example frame lattice according to the 
process of generating the video frame sequence. Video 
frames 170, 172, 174, 176 and 178 are shown along to top 
row of FIG. 8. Each column under each respective video 
frame represents one time e step with all the candidate 
frames. The Viterbialgorithm searches through each time 
step for the path with the lowest cost. In the example of FIG. 
8, candidate frames 180,182, 184, 186 and 188 represent the 
lowest cost path of frames organized to generate the video 
frame sequence. 
An exemplary database contains, for example, about 

9,580 triphones. According to FIG. 3, which indicates the 
existence of 48 phonemes, the total number of all possible 
triphones is 103,776 (48*47*46). This is the number of 
possible combinations of 3 phonemes or triphones from a 
database of 48 phonemes. Many phonemes have similar 
mouth shapes and therefore can be grouped together as 
visually interchangeable. 

These groups are sometimes referred to as “visemes”. The 
system groups the phonemes which belong to the same 
sub-tree whose depth is smaller than 3. The visemes may be 
organized as “n-visemes' where n can be any number. For 
example, phonemes ow, ao, oy and aa will be considered the 
same viseme, as FIG. 3 shows they all belong to the same 
subtree. Two triphones with these phonemes at the same 
place will be considered the same during the unit selection 
process. The total number of these triphones (or tri-visemes) 
is 6,840, with 2,967 of them presented in the database. And 
since a candidate frame can be selected from the head, 
center, or tail phoneme of a triphone, the likelihood that no 
candidate frame can be found is very low. The number 
represented herein is, by way of example, according to 
current tests. They are not considered as essential or limiting 
on the scope of the invention in that increased computing 
power and storage capacity will cause these numbers to 
change in practice. 
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When no candidate frame (or very few frames) can be 
selected from triphones in the database, the system selects 
them from appropriate diphones. The database covers all 
possible grouped diphones (or di-Visemes). Therefore each 
target frame will have multiple candidate frames generated 
by the unit selection process. The average number of can 
didate frames is around 30. Where the smallest selectable 
unit is an n-phone, where n is greater than 1, if n-phone 
candidates cannot be selected, the system selects candidate 
(n-1)-phones from a database of (n-1)-phones. For 
example, as mentioned above, if triphones cannot be 
selected, the system selects diphones. In another aspect of 
the invention, if only a certain threshold number of n-phones 
candidates are selected, then the system selects (n-1)-phone 
candidates from a database of (n-1)-phones. An example 
threshold could be 30 n-phones. 

Experiments on a standard desktop PC with a 1.5 GHZ, P4 
CPU demonstrate the triphone-based visual synthesis, 
excluding the TTS module and the hardware-dependent 
rendering module, as shown in FIG. 1, runs 50 times faster 
than real-time. That is, a 5 second video sequence at 60 
frames per second takes only 0.1 second to find an optimal 
sequence of target frames. These demonstrated values are 
not meant to limit the scope of the invention but merely 
illustrate speeds and current computing power available. As 
computing power increases, the period of time the system 
takes to generate the optimal sequence of target frames will 
continue to decrease. 
By comparing this approach with previous frame-based 

implementations, the triphone-based method of the present 
invention is significantly faster, while the synthesis results 
have similar quality. The reason for the improvement of 
speed is two-fold: first, with triphones as a unit, the number 
of units in the database is much Smaller, and once an 
appropriate candidate triphone is found, all of the frames in 
this triphone can be used as candidate frames for corre 
sponding target frames. This makes the unit selection about 
100 times faster. Second, with the triphone-based approach, 
the average number of candidate frames for each target 
frame is bounded by the number of matching triphones and 
diphones, and is about 30. In the frame-based method, this 
number is bounded by a manually set threshold, typically set 
to 300, to get acceptable results. This makes the complexity 
of the Viterbi search in the previous case 30 times higher. 
As the synthesis becomes more and more realistic, it is 

essential to evaluate and compare the results of different 
synthesis approaches, and different parameter tunings in the 
same approach. Subjective testing is usually time-consum 
ing and expensive, and the results vary across viewers with 
different backgrounds. An objective testing method can 
simulate the Subjective measurements. 

Another experiment involved selecting 20 recorded 
sequences from the database as the ground-truth data, and 
synthesizing each sequence with the sequence itself 
excluded from the database being used. The synthesized 
sequence was compared against the recorded sequences to 
get a score measuring the quality of the synthesis. The three 
measuring criteria are defined as: 

(1) Precision: First, for each synthesized phoneme, the 
average of the Euclidean distance between its frames and 
those in the corresponding recorded phoneme was calcu 
lated, based on the width, the height and the PCA coeffi 
cients of each frame. 

(2) Smoothness: If two adjacent frames in the synthesized 
sequence are selected from different places of different 
sequences in the database, they are very likely to be visually 
different. There is a “switch' at this position. The Euclidean 
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8 
distance at all Switches in a phoneme is accumulated to 
decide if a phoneme is Smooth or jerky. 

(3) Synchronicity: If multiple adjacent phonemes are not 
synthesized accurately, then the human viewer will think the 
visual and audio channels are not synchronized. By check 
ing the synthesized frames phonetic label, it can be deter 
mined whether there is a synchronous problem. 

In the measurement, the system does not take every 
phoneme into account. Instead, the system only cares about 
the phonemes with high visual impact for the human view 
ers. Such phonemes are the ones that have a turning point 
and/or an open closure point. 
When the speaker's mouth changes the direction of move 

ment from opening to closing, or vice versa, there is a 
turning point in this phoneme. FIG. 6 shows curves of the 
mouth height change. The triangles 150 show mouth move 
ment changes at those frames. Human viewers are very 
sensitive to phonemes with turning points. 
Open and closed mouths are very salient mouth shapes 

and therefore visually important to human viewers. The 
phonemes are marked with open or closed mouths by 
thresholding the mouth height, as shown in FIG. 6, and 
measuring their difference. 

After extracting visually important phonemes, their pre 
cision, Smoothness and synchronicity scores are accumu 
lated to get a final measurement Table 1 shows scores for the 
frame-based and triphone-based synthesis approaches. This 
measurement clearly shows that the triphone-based synthe 
sis works better in terms of precision and synchronicity. 

TABLE 1. 

Obiective scores of two synthesis methods 

Frame based Triphone based 

Precision 3 4.61 
Synchronicity 3 4.39 
Smoothness 3 2.48 

Note that in the objective measurement, relative scores of 
different methods are important, while the absolute scores 
are decided by the distance-to-score mapping, which can be 
manually set. Therefore, in Table 1, scores in the first 
column are all normalized to 3. 
A triphone-based unit selection approach is disclosed that 

can synthesize high quality talking head sequence with a 
Small fraction of the sequence’s real-time length. An objec 
tive measurement scheme compares synthesis results of 
different approaches. Embodiments of the invention include 
methods of generating a video sequence, a system or appa 
ratus that performs the steps of generating a video sequence, 
a computer-readable medium storing a program to control a 
computer device to perform the steps of generating a video 
sequence, and a virtual agent generated according to the 
concepts disclosed herein. The computer-readable medium 
can be a computer-readable storage device. Tangible com 
puter-readable storage media, computer-readable storage 
devices, or computer-readable memory devices, expressly 
exclude media Such as transitory waves, energy, carrier 
signals, electromagnetic waves, and signals perse. The core 
concepts disclosed according to the embodiments of the 
invention enable real-time human/computer interaction 
where the human can speak to a talking head or other entity 
that has an acceptable visual appearance and acceptable 
audible speech. Further, the present invention enables an 
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acceptable synchronization of the audio and video for a 
virtual agent in real time that provides an enjoyable expe 
rience for the user. 
The method has application in many fields because it 

enables the use of photo-realistic talking heads. For 
example, customer service applications will benefit since 
they require real-time synthesis of the animations. With this 
method, such services as “How may I help you' or “Help 
Desk” interfaces on the Internet become more real and will 
speed up the acceptance of human/computer interactive 
agents. 

Although the above description may contain specific 
details, they should not be construed as limiting the claims 
in any way. Other configurations of the described embodi 
ments of the invention are part of the scope of this invention. 
For example, the method is not limited to talking heads, but 
is universally applicable where images in a multimedia 
database have to be accessed. Typically, accessing Such 
databases is done by indexing images and video clips with 
text information, symbolic descriptions or by image fea 
tures. The new technique uses in-grams or n-phones for 
indexing images ages or image sequences. 
An aspect of the present invention relates to using 

n-phones to index the video images or image sequences in 
the database. The parameter “n” can be a different number— 
as low as 1, or much higher than 3—depending on the 
application. The use of n-phones for indexing video frames 
makes better use of the information and does not require a 
semantic interpretation of the text or any other high-level 
analysis. Rather, an n-phone unit can be extracted readily 
from text or from a speech signal. The granularity of the 
index, i.e. how specifically one wants to access the data, can 
be adjusted by changing the length of the n-gram. The 
highest accuracy of the access is achieved if a phonetic 
transcript with time stamps is available, but the method also 
works, albeit less accurately, with just plain text. Accord 
ingly, the appended claims and their legal equivalents should 
only define the invention, rather than any specific examples 
g1Ven. 

We claim: 
1. A method comprising: 
receiving text for conversion to speech; 
calculating a target cost of a target sequence of tri-phones 

associated with the speech based on a phonetic dis 
tance, a coarticulation parameter, and a speech rate of 
the speech, to yield a calculated target cost; 

identifying, based on the calculated target cost and fol 
lowing phonemes associated with a plurality of tri 
phones, a plurality of candidate tri-phones; 

sampling each candidate tri-phone in the plurality of 
candidate tri-phones to identify how many frames are 
associated with the each candidate tri-phone; 

adding, where necessary, at least one frame to frames in 
the each candidate tri-phone of the plurality of candi 
date tri-phones to reach a same number of frames as in 
a corresponding tri-phone in the target sequence of 
tri-phones, to yield an updated candidate tri-phone; 

building a video frame lattice of candidate video frames, 
wherein each candidate video frame in the candidate 
Video frames is associated with a tri-phone comprising 
one of the updated candidate tri-phone or another 
tri-phone from the plurality of candidate tri-phones; 

determining image coefficients for each frame in the video 
frame lattice of candidate video frames, wherein the 
image coefficients for the each frame are based on a 
turning point of the updated candidate tri-phone, the 
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10 
turning point being a change of direction in a mouth of 
a speaker pronouncing the updated candidate tri-phone; 

assigning a joint cost to each pair of adjacent video frames 
in the video frame lattice, where the joint cost is based 
on the image coefficients and geometric features of the 
each pair of adjacent video frames in the video frame 
lattice; and 

constructing a video sequence of the mouth of the speaker 
moving in Synchronization with the speech by finding, 
using a Viterbi search, a path through the video frame 
lattice based on a minimum of a Sum of the calculated 
target cost and the joint cost over the video sequence. 

2. The method of claim 1, wherein when the plurality of 
candidate tri-phones cannot be identified, the method further 
comprises identifying candidate bi-phones from a database 
of bi-phones. 

3. The method of claim 1, further comprising: 
when the plurality of candidate tri-phones selected for the 

target sequence is below a threshold, selecting candi 
date bi-phones from a database of bi-phones. 

4. The method of claim 3, wherein a threshold number of 
candidate tri-phones selected for the target sequence is 
approximately 30. 

5. The method of claim 1, wherein a database of tri 
phones from which the plurality of candidate tri-phones are 
identified comprises a plurality of tri-Visemes. 

6. The method of claim 5, wherein each tri-Viseme in the 
plurality of tri-Visemes represents two tri-phones sharing 
similar characteristics. 

7. The method of claim 1, wherein constructing the video 
sequence is based on a minimum of the Sum of the calculated 
target cost and joint cost. 

8. A computing device comprising: 
a processor; and 
a computer-readable storage medium having instructions 

stored which, when executed by the processor, perform 
operations comprising: 
receiving text for conversion to speech; 
calculating a target cost of a target sequence of tri 

phones associated with the speech based on a pho 
netic distance, a coarticulation parameter, and a 
speech rate of the speech, to yield a calculated target 
cost, 

identifying, based on the calculated target cost and 
following phonemes associated with a plurality of 
tri-phones, a plurality of candidate tri-phones; 

sampling each candidate tri-phone in the plurality of 
candidate tri-phones to identify how many frames 
are associated with the each candidate tri-phone; 

adding, where necessary, at least one frame to frames in 
the each candidate tri-phone of the plurality of 
candidate tri-phones to reach a same number of 
frames as in a corresponding tri-phone in the target 
sequence of tri-phones, to yield an updated candidate 
tri-phone; 

building a video frame lattice of candidate video 
frames, wherein each candidate video frame in the 
candidate video frames is associated with a tri-phone 
comprises one of the updated candidate tri-phone or 
another tri-phone from the plurality of candidate 
tri-phones; 

determining image coefficients for each frame in the 
video frame lattice of candidate video frames, 
wherein the image coefficients for the each frame are 
based on a turning point of the updated candidate 
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tri-phone, the turning point being a change of direc 
tion in a mouth of a speaker pronouncing the updated 
candidate tri-phone; 

assigning a joint cost to each pair of adjacent video 
frames in the video frame lattice, where the joint cost 5 
is based on the image coefficients and geometric 
features of the each pair of adjacent video frames in 
the video frame lattice; and 

constructing a video sequence of the mouth of the 
speaker moving in Synchronization with the speech 
by finding, using a Viterbi search, a path through the 
Video frame lattice based on a minimum of a sum of 
the calculated target cost and the joint cost over the 
Video sequence. 

9. The computing device of claim 8, the computer 
readable storage medium having additional instructions 
stored which result in the operations further comprising: 
when the plurality of candidate tri-phone cannot be identi 
fied, identifying candidate bi-phones from a database of 20 
bi-phones. 

10. The computing device of claim 8, the computer 
readable storage medium having additional instructions 
stored which result in the operations further comprising: 
when a number of the plurality of candidate tri-phone 25 
selected for the target sequence is below a threshold, iden 
tifying candidate bi-phones from a database of bi-phones. 

11. The computing device of claim 10, wherein a thresh 
old number of candidate tri-phones selected for the target 
sequence is approximately 30. 

12. The computing device of claim 8, wherein a database 
of tri-phones from which the plurality of candidate tri 
phones are identified comprises a plurality of candidate 
tri-Visemes. 

13. The computing device of claim 12, wherein each 
tri-Viseme in the plurality of candidate tri-Visemes represents 
two tri-phones sharing similar characteristics. 

14. The computing device of claim 13, wherein construct 
ing the video sequence is based on a minimum of the Sum 4 
of the calculated target cost and joint cost. 

15. A computer-readable storage device having instruc 
tions stored, which, when executed by a computing device, 
cause the computing device to perform operations compris 
1ng: 
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receiving text for conversion to speech; 
calculating a target cost of a target sequence of tri-phones 

associated with the speech based on a phonetic dis 
tance, a coarticulation parameter, and a speech rate of 
the speech, to yield a calculated target cost; 

identifying, based on the calculated target cost and fol 
lowing phonemes associated with a plurality of tri 
phones, a plurality of candidate tri-phones; 

sampling each candidate tri-phone in the plurality of 
candidate tri-phones to identify how many frames are 
associated with the each candidate tri-phone; 

adding at least one frame to at least one candidate 
tri-phone to reach a same number of frames as in a 
corresponding tri-phone in the target sequence of tri 
phones, to yield updated candidate tri-phones; 

building a video frame lattice of candidate video frames, 
wherein each candidate video frame in the candidate 
video frames is associated with an updated candidate 
tri-phone in the updated candidate tri-phones; 

determining image coefficients for each frame in the video 
frame lattice, wherein the image coefficients for the 
each frame are based on a turning point of the updated 
candidate tri-phone associated with the each frame, the 
turning point being a change of direction in a mouth of 
a speaker pronouncing the updated candidate tri-phone; 

assigning a joint cost to each pair of adjacent video frames 
in the video frame lattice, where the joint cost is based 
on the image coefficients and geometric features of the 
each pair of adjacent video frames; and 

constructing a video sequence of a mouth moving in 
synchronization with the speech by finding, using a 
Viterbi search, a path through the video frame lattice 
based on a minimum of a Sum of the calculated target 
cost and the joint cost over the video sequence. 

16. The computer-readable storage device of claim 15, the 
computer-readable storage device having additional instruc 
tions stored which result in the operations further compris 
ing: 
where the plurality of candidate tri-phones cannot be 

identified, identifying candidate bi-phones from a data 
base of bi-phones. 

17. The computer-readable storage device of claim 15, 
wherein constructing the video sequence is based on a 
minimum of the Sum of the calculated target cost and joint 
COSt. 


