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Abstract

We propose StyleTalker, a novel audio-driven talking
head generation model that can synthesize a video of a
talking person from a single reference image with accu-
rately audio-synced lip shapes, realistic head poses, and
eye blinks. Specifically, by leveraging a style-based gener-
ator, we estimate the latent codes of the talking head video
that faithfully reflects the given audio. This is made possi-
ble with several newly devised components: 1) A contrastive
lip-sync discriminator for accurate lip synchronization, 2) A
conditional sequential variational autoencoder that learns
the latent motion space disentangled from the lip move-
ments, such that we can independently manipulate the mo-
tions and lip movements while preserving the identity. 3) An
auto-regressive prior augmented with normalizing flow to
learn a complex audio-to-motion multi-modal latent space.
Equipped with these components, StyleTalker can generate
talking head videos not only in a motion-controllable way
when another motion source video is given but also in a
completely audio-driven manner by inferring realistic mo-
tions from the input audio. Through extensive experiments
and user studies, we show that our model is able to synthe-
size talking head videos with impressive perceptual qual-
ity which are accurately lip-synced with the input audios,
largely outperforming state-of-the-art baselines.

1. Introduction

Recently, bridging the gap between the real and the
virtual world with visual media is becoming increasingly
important, as the coronavirus pandemic has completely
changed the way we work, learn, play, and socialize. This
has led to the emergence of digital twins, which are digi-
tal copies of real human beings that can generate realistic
speech and facial expressions to mimic the target person, as
they are useful for real-world applications such as virtual
conferencing and VR/AR platforms. Audio-driven talking
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head generation, which aims to synthesize a video of a talk-
ing person with the input audio stream for multi-speakers,
is a crucial technology for implementing such digital twins.

While some of the previous works from the graph-
ics area [18, 26, 27] have achieved some success in gen-
erating realistic digital twins, they target single-speaker
generation and thus have no control over multiple identi-
ties. One-shot audio-driven talking head generation meth-
ods [21,32,36,37], on the other hand, aim to generate a talk-
ing head video using a single reference image of the target
person and arbitrary audio, and have received much atten-
tion recently to its applicability in many applications. How-
ever, previous one-shot audio-driven talking head genera-
tion methods only synthesize around the lip region [21] or
fail to predict realistic motions (head poses and eye blinks)
due to the nature of difficulty in modeling motions from the
audio [32, 37]. To overcome these issues, Zhou et al. [36]
recently proposed a pose-controllable method to copy the
head poses of a given video independently with the given
audio, but its applicability is limited since it requires an-
other video as the pose source and also fails to capture per-
ceptually important facial attributes such as eye blinks.

In this paper, we propose StyleTalker, a novel audio-
driven talking head generation model. Our model lever-
ages a style-based generator, namely StyleGAN [13-15],
which learns a rich distribution of human faces, and GAN
inversion techniques [23, 28] to embed images onto the
style latent space. It has been shown that the style latent
space accurately represents facial attributes with disentan-
gled properties [23, 28], allowing extensive image manipu-
lations [1,2]. We can generate a talking head video by se-
quentially estimating the latent codes of each frames in the
video. However, this is extremely challenging, since esti-
mated latent codes should accurately reflect the given audio
and motions while keeping the identity, in order to generate
a natural and realistic talking head video.

To handle this challenge, we first pretrain our lip-sync
discriminator with a novel contrastive learning objective
and utilize it as a fixed discriminator during training to im-
prove the lip synchronization with the input audio. Further-
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Figure 1. Concept. StyleTalker generates a realistic talking head video from a single reference image and input audio in two different ways.
Left: Audio-driven Generation Motions are predicted from the audio. Right: Motion-controllable Generation Motions are controlled

by another motion source video.

more, we extract motions from the video using a sequential
variational autoencoder (VAE) [16] to learn the posterior
distribution of motion latent space conditioned on the audio.
In addition, we design an auto-regressive prior augmented
with normalizing flow to capture more complicated prob-
abilistic distributions between audio and possible motions.
Then, we manipulate the latent code of the reference image
to change the lip shapes, head poses, and eye shapes accord-
ing to the given audio and motions to reconstruct the video
while keeping the identity fixed. In this way, our model can
learn their implicit representations without the help of any
geometry priors such as landmarks or 3D pose parameters.

As a result, during inference, our StyleTalker can gener-
ate realistic talking head videos either by sampling the mo-
tions from the motion latent space or the audio-to-motion la-
tent space. We refer to the former as an motion-controllable
talking head video generation and the latter as a audio-
driven talking head video generation. We illustrate the over-
all concept of StyleTalker in Fig. 1. The following is the
summary of our contributions.

* We propose StyleTalker, a novel one-shot audio-driven
talking head generation framework, that controls lip
movements, head poses, and eye blinks using a pre-
trained image generator by learning their implicit rep-
resentations in an unsupervised manner.

StyleTalker can generate talking head videos either in a
motion-controllable manner, using other videos as mo-
tion sources, or in a completely audio-driven manner,
predicting realistic motions from the audio.

StyleTalker achieves state-of-art talking head gener-
ation performance, generating more realistic videos

with accurate lip syncing and natural motions com-
pared to baselines, both by quantitative metrics and
user studies.

2. Related Work

Neural Lip-synced Video generation. Generating an
audio-synchronized video of a target person has progressed
rapidly thanks to the recent advances of image generation
methods. Many of these methods [18, ] aim toward
transforming the lip region of the person in the target video,
generating new videos with the lip shapes that match the
input audio. However, their applicability to real-world sce-
narios is somewhat limited as they mainly focus on a single
identity and require a large amount of training data for each
identity. For example, [26] synthesizes a high-quality video
of Barack Obama conditioned on his speech using the lip
landmarks but requires long hours of videos from the tar-
get person for model training (up to 17 hours). Recently,
Wav2lip [21] handles in-the-wild data with multiple identi-
ties without any geometric priors, but the generated images
of the model have low resolutions (96x96). Furthermore,
the lip-sync methods can only animate lips without gen-
erating head movements that are crucial for realistic talk-
ing head generation, producing unnatural videos of fixed or
minimal motions [4, 7], and fail to generate perceptually
realistic videos on unrefined datasets [8,31].

Audio-driven Talking Head Generation. To generate
more plausible talking head videos, audio-driven generation
methods [3, 20, ] aim to generate head move-
ments in addition to synchronizing lip movements for given
audio. Furthermore, many of them assume an image as the
identity source handling multi-speaker generation in an one-
shot manner. However, this goal is challenging because its
requirements are multifaceted: high-quality image gener-
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Figure 2. The overall training framework of StyleTalker. 1) Video & Audio driven Style Code Manipulation: Given a video, StyleTalker
maps audio into audio features ao.7 and frames into motion latent variables mo.7. With ao.7 and mo.7, we manipulate the style latent
code of the reference frame W+-,..; to generate W+.141,,. 2)Video Generation: W+..1 1, are forwarded to generate n sequential
frames, which are the reconstruction of the given video. 3)Audio-driven Motion Generation: We model our prior network of mg.7 with
given audio and an image as inputs. Note that Ency, Gr, and Dgyr. are fixed during training.

ation, multi-speaker handling, lip synchronization, tempo-
ral consistency regularization, and natural generation of di-
verse human movements. Therefore, most recent methods
adopt a reconstruction based pipeline [ 1.
Within the pipeline, pre-estimated geometry priors such
as landmarks and 3D pose parameters decouple the head
pose, identity, and lip movements from the given images
and audio signal. For example, MakeltTalk [37] predicts
landmarks and uses them as intermediate representations
between the audio and visual features. Moreover, PC-
AVS [36] uses head pose coordinates to decouple the pose
features expressed in Euler angles (yaw, pitch, roll). Au-
dio2Head [32], a warping-based method, also maximizes
the similarity between the head pose coordinates and the
predicted head poses. However, such geometry priors are
insufficient to describe natural human motions. Thus, we
adopt a reconstruction-based pipeline but design a novel
framework that does not use any geometric priors.
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3. Method

Here, we describe our model StyleTalker which synthe-
sizes a talking head video from a single reference image of
a target person either in a motion-controllable manner or in
a audio-driven manner. Specifically, for training, our model
takes a video V' with T frames V = (Xo, X1,..., X7), a
single reference image of the target person X, and a se-
quence of T audio spectrograms A = (Ag, A1, ..., Ap).
Then, we extract motions mg.; = (Mg, my,...,my) and
audio features ag.r = (ao,a1,...,ar) from the video V'
and the sequence of audio spectrograms A, respectively.

The training objective is to reconstruct the video V' by re-
flecting extracted motions and speech information to the
reference image X,.; while keeping the identity. Fur-
thermore, we model an audio-to-motion distribution which
maps speech information ag.7 to motions mg.7. At the in-
ference time, we can generate a talking head video with an
identity, motions, and speech information which are origi-
nated from different sources. In particular, motions can be
either extracted from a completely different video (motion-
controllable) or inferred from an audio through audio-to-
motion distribution (audio-driven).

To this end, we propose several components: 1) A lip-
sync discriminator, trained with contrastive learning for pre-
cise and natural lip movements, 2) The conditional sequen-
tial VAE which learn the posterior distribution of motion
latent space conditioned on the audio, 3) Auto-regressive
prior augmented with normalizing flow for learning com-
plex audio-motion latent space, 4) Style code manipulation
to estimate the style codes of the target video. The overall
training procedure of StyleTalker is illustrated in Fig 2.

3.1. Contrastive Lip-sync Discriminator

Recently, Prajwal et al. [21] demonstrated that a strong
lip sync expert plays a very important role in generating
precise and natural lip movements. Similarly, we also use
a lip-sync discriminator, Dy, ., Which predicts whether the
given audio-video pair is synced or not. However, instead
of modeling it as a binary classification problem as Pra-
jwal et al. did, we use contrastive learning to make in-
sync pairs align closer than off-sync audio-video pairs, as
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Figure 3. Contrastive Lip-sync Discriminator

shown in Fig 3. Contrastive learning is known to maxi-
mize a lower bound of the mutual information between two
modalities [30], and has largely improved the performance
of several recent generative models [12, 33]. Specifically,
given awindow V = Xy 7, .51, ,, With2-T, +1 consec-
utive frames and an audio segment Ay, the score function is
as follows:

Ssync - COS(fU(Vk)afa(Ak))/T (1)

where cos(-,-) denotes the cosine similarity, 7 denotes a
temperature hyper-parameter, and f, and f, are video and
audio encoders to extract video and audio feature vectors
onto a joint embedding space. The contrastive loss between
a video V}, and its in-sync paired audio segment Ay, is then
computed as:

og Cos(fv(vk)afa(Ak))/T
S cos(fu (Vi) fa(Ai)/7

where M is the total number of video-audio pairs. The off-
sync pairs can be sampled from the same video by shifting
each video frame along the time axis while fixing the au-
dio segments and vise versa. Following [2 1], we utilize the
pretrained lip-sync discriminator as a fixed discriminator to
guide the lip movements of the generated videos.

3.2. GAN Inversion

For StyleGAN [13-15], several GAN inversion tech-
niques have proposed image encoder networks which em-
bed the images onto style latent space, which is known as
W+ space [23,28]. In this work, we embed video frames
onto style latent space using pixel2style2pixel (pSp) [23]
encoder to deposit facial attributes such as head poses, eye
shapes and lip shapes. In detail, the image encoder Ency
outputs a latent style vector as W+ = Ency(X), where
X € R¥>*H*W is an input frame and W+ € RE*%12 con-
sists of L style codes, w® € R®'2, that are fed into each
layer of a StyleGAN with L layers. Then, we independently
process each style code, w’, which enables StyleTalker to
perform delicate transformations of the facial attributes to

L.=-

2

generate frames in the video. For readability, we omit ¢ in
the rest of the paper.

3.3. Conditional Sequential VAE

Let w,cy denote a style code of the reference im-
age. Further, Let wo.r = (wp,ws,...,wr) and ag.r =
(ag, a1, ..., ar) denote T style codes of a video with T" con-
secutive frames and a sequence of 7" audio features respec-
tively: wo.r = Enci(Xo.r), ao.r = Enca(Aor). We
propose a conditional sequential variational autoencoder
model, where the sequence wo.r is generated from wy.y,
the audio features ag.r and latent variables mg.7, each of
which contains identity, lip, and motion information respec-
tively.

Then, we use variational inference to approximate the
posterior distribution of m;:

my ~ N, diag(oy)) 3)

More specifically, since m; is a time-varying variable, we
estimate it conditioned on the current and previous frames
w<¢, and the audio features a<;. The posterior distribution
of my is then defined as follows:

(e, 0] = Yr(w<t, a<y) 4
T
qs(mo:rlwor, aor) = [ [ as(melwss,a<e) — (5)

t=0

where i can be modeled as a recurrent network, such as
LSTM [10] or GRU [5].

Auto-regressive prior with normalizing flow. We assume
that the motion at current time step depends on the previ-
ous motions and audio features. Thus, we design an prior
of m, as auto-regressive model using a recurrent neural net-
work ¢r. Furthermore, for time step 0, we formulate the
prior of mg conditioned on the first frame wy, since without
conditioning, the initial motion may have a large variance,
which may prevent the learning of a proper prior distribu-
tion in consecutive frames. Specifically, we define the prior
distribution of m; as follows:

my ~ N (g, diag(oy)) (©6)

[,LLt70t] = ¢R(m<ta aﬁt)a t> 0 (7)

110, 00] = Po(wo) 8
T

po(mo.r|ar.r, wo) = pe(mo|wo) Hpe(mtlmq, a<¢, W)
t=1

9

Note that, at the inference time, w can be replaced with
Wyes. Thatis, the generated video could be initialized with
the motion of the given reference image.

However, learning an audio-to-motion multi-modal dis-
tribution is very challenging, as previous works [32,37] fail
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to synthesize realistic motions from the audio. We also
found that our auto-regressive prior encoder is not suffi-
cient for modeling realistic and natural motions from the
audio, so that we need a more complicated distribution for
prior than a diagonal Gaussian distribution. To this end,
we apply auto-regressive normalizing flow, fy, consisting
of invertible non-linear transformations with simple Jaco-
bian determinants as follows [22,29] :

5
om
We then define the KL-divergence loss between the poste-
rior and the prior to train the conditional sequential VAE:

o

py(mo.rlar.r, wo) = pﬁ(mO:T|a1:T7wO)’det

Ly = log(ge(mo.7|ao.r, wo.r))
— log(py(mo.r|ar.r,we)) (11)

Style Code Manipulation. After we obtain audio features
ao.7 and motion latent variables mg.7, we use them to gen-
erate the style codes Wo.r of the target frames from wy. ,
the style code of the reference image. However, we noticed
flicking artifacts in the generated videos since mg.7 are
sampled from a multivariate Gaussian distribution, which
induces noise in the time domain. To handle this issue, we
introduce a smoothing layer which consists of 1D Gaus-
sian smoothing, 1D convolution, and activation function.
Specifically, the smoothing layer receives the concatenated
ao.7 and mgo.7 and outputs smoothed vectors cg.r.

co.r = f(ConvlD(GaussianSmooth1D([ao.T, mo.7]))
(12)
where f is a non-linear activation function. We then manip-
ulate w;..y depending on the smoothed latent code cp.7. As
shown in Fig 4, this is done in a two-way fashion. Specif-
ically, the style code sequence wy.7 corresponding to the
output videos is computed as follows:

C; = U(Kl(wref)) X ¢t + KQ(wref)

13
@1 = 0(Ks(c})) X wres + Ka(c) ()

This two-way manipulation is inspired by the following
motivations. We first modify the c¢; based on w,..s to re-
flect lip shape and motion of the reference frame. Then, we

modify the w,..s to obtain a target style vector, @, with the
correct lip shape and motion. After we generate style vec-
tors, Wo.T, they are fed into the pretrained image generator
to synthesize the target frames.

3.4. Training

Windowed Frame Generation. Training StyleTalker to
generate all frames of a video may require a prohibitively
excessive amount of memory. We thus propose to randomly
extract a window of T}, consecutive frames, which we refer
to as the training window. StyleGAN then takes W;.¢471,
and synthesizes frames only for this window.

Xiirr, = G(@rirr,) (14)

Final Objectives. We use L2 loss and Learned Percep-
tual Image Path Similarity (LPIPS) loss [34] for generating
video frames that match the ground-truth frames as follows:

Ly =||X — X]|| (15)

Lrprps = ||[P(X) — P(X)]]2 (16)

where X denotes reconstructed frame, X denotes
ground-truth frame, P(-) denotes the perceptual feature ex-
tractor. Similar to Siarohin et al. [24], we compute the
perceptual loss in multi-resolution by repeatedly downsam-
pling the frame 3 times.

In addition, for synthesizing lip movements synchro-
nized with audio inputs, we apply the sync loss to max-
imize the cosine similarity between the features from the
generated videos and corresponding audios using lip-sync
discriminator (Section 3.1).

Lsyne =1 —COS(fU(Vk),fa(Ak)) (17)
Lastly, our overall objective for training StyleTalker is
Liotar = Lrprps + MLa + AoLp + ALgyne  (18)
We set \; = Ay = A3 = Ay = 0.1 in our experiments.

3.5. Inference

Once StyleTalker has been trained, it can generate
the talking head videos in two different ways: motion-
controllable and audio-driven manner, given audio fea-
tures ap.r = Enca(Aor) and a style vector wyey =
Enci(X,es) of the target person.

1) Motion-controllable generation: when the motion source
video, M., is given, we can sample the motion latent vari-
ables, mg.7, from the variational posterior g4:

wo.r = Enci(Mo.r), mo.r ~ g¢(mo.r|wo.r, co.T)
(19)



Table 1. The quantitative results on VoxCeleb2 [6]. Lower the better for LMD and LMD,,,, and higher the better for other metrics.

‘ Seen ‘ Unseen
Models
| SSIMt  MS-SSIM{ LMD| LMD, | LSE-Ct |SSIM? MS-SSIM{ LMD, LMD, LSE-C?
Wav2Lip [21] 0.93 0.97 1.60 1.49 7.44 0.93 0.97 1.49 1.47 7.40
MakeltTalk [37] 0.54 0.49 3.66 1.93 3.52 0.53 0.46 4.01 1.92 4.09
Audio2Head [32] | 0.42 0.24 5.20 2.71 5.31 0.45 0.33 5.31 2.76 5.91
PC-AVS [36] 0.62 0.69 3.63 232 7.87 0.61 0.67 3.68 2.34 8.05
StyleTalker (ours) | 0.62 0.72 2.81 1.84 812 | 0.62 0.71 2.95 1.87 8.53

2) Audio-driven generation: if the motion source is not
available, we can sample the motion latent variables, mq.r,
from the prior py:

mo.r ~ py(mo.r|Wres, ar.1) (20)

After the motion latent variables mg.r are sampled from
either the posterior distribution or the prior distribution, we
can manipulate the w,.; with ag.r and mg.r to generate
wWp.r. Lastly, the pretrained image generator can synthesize
a video of 7" image frames from the style vector sequence
Wo.T, Which contains accurate lip shapes according to the
given audio segments and realistic motions.

4. Experiments

Dataset. We use Voxceleb2 [0] dataset collected from
the wild for training and test, which is a popularly used
dataset in previous works [3,36,37]. Voxceleb2 is a dataset
which consists of YouTube videos of talking people with a
large variety of identities and motions. In detail, it contains
215,000 videos of 6,112 identities over 1 million utterances.
We process the video into frames with 25 fps. Following
[7], we crop and resize frames into facial-central frames
with the size of 256 x 256. Audios are down-sampled to
16kHz, from which we extract mel-spectrograms with an
FFT size of 512, hop size of 160, a window size of 400
samples, and 80 frequency bins.

Implementation Details. We pretrain StyleGAN3 [13]
and pSp encoder [23] on the Voxceleb2 dataset. Note that
these models are kept fixed when training StyleTalker.
The style latent space consists of L = 16 different style
codes and we only manipulate the first 8 style codes which
correspond to the coarse and middle level details of the
generated images. For each input video frame, we use a
0.2 second long mel-spectrogram. As an audio encoder,
we use ResNetSE18 [11]. During training, we generate the
style codes with the length of 128 while using the window
of 15 style codes to be fed into the StyleGAN3 to generate
frames. For training contrastive lip-sync discriminator,
we use 5 generated consecutive frames as inputs. We
use the Adam optimizer with the learning rate of le — 4

for all networks. For more details, including the network
architecture specifications and other hyperparameters,
please refer to the Supplementary Materials.

Baselines. We compare our method against the follow-
ing state-of-the-art talking head generation baselines: 1)
Wav2Lip [21] is a lip-syncing model for videos in the wild.
Wav2Lip generates the lower half of the face given the up-
per half of the face and a target audio. 2) MakeltTalk [37]
is a audio-driven full-head generation model that drives lip
movements and motions from audio with 3D facial land-
marks. 3) Audio2Head [32] is a audio-driven full-head
generation model that utilizes key point based dense mo-
tion field to warp the face images using the audio. 4) PC-
AVS [36] is a video-driven full-head generation model that
enables pose-controllable talking head generation using the
other video as a pose source.

4.1. Quantitative Results

Evaluation Metric. To evaluate the quality of the gener-
ated talking head videos using our model, we adopt some of
the metrics that have been used for the same tasks [36, 37].
Specifically, SSIM, MS-SSIM are used to evaluate the qual-
ity of the generated frame. For lip sync accuracy, we use the
SyncNet [7] confidence score (LSE-C) metric and LMD,,,,
the distance to the landmark around the mouth. In addition,
LMD is the distance of all landmarks on the face to evaluate
motion accuracy.

Evaluation Results. We first measure the reconstruction
performance of our model using the ground-truth videos, on
videos whose target motions and target audios are unseen
during the training time. Table | contains the results for
identities which are included in the training set and for new
identities which are not included in the training set. The
results show that StyleTalker comprehensively outperforms
all baselines. As for the lip-sync accuracy, our model ob-
tains superior results by the LMD,,, score and achieves the
best performance by LSE-C. Furthermore, we achieve bet-
ter LMD score than baselines which indicates StyleTalker
accurately follows the target motions. Note that Wav2Lip
shows the highest score because they generate only the lip
region at the lowest resolution; however, the method gen-
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Figure 5. The qualitative comparison of the audio-driven talking head generation performance on VoxCeleb2. The first row (yellow
box) shows the frames corresponding to the given audio. The single image input (red box) is a reference image of the target identity. The

Supplementary Materials contain the actual videos.
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Figure 6. The qualitative comparison of the motion-controllable generation performance on VoxCeleb2. The first row (yellow box)
shows the frames corresponding to the given audio. The second row (blue box) shows the frames from the motion source video. The single
image input (red box) is a reference image of the target identity. Please refer to the Supplementary Materials for the actual videos.

erates perceptually implausible videos since the other parts
of the image remains the same as the input frame. This re-
sults show that our model can generate precise talking head
videos videos from the given audio and motions.

4.2. Qualitative Results

Audio-driven generation. In Fig 5, we show the generated
video frames by our StyleTalker in comparison to those gen-
erated by other audio-driven generation models [21,32,37].
We see that StyleTalker generates high-quality talking heads
which preserve the identity of the target person, while Au-
dio2Head [32] generates ones that have inconsistent identi-
ties that do not match the target. Furthermore, we observe
that Audio2Head always frontalizes the faces regardless of

the initial pose of the reference image, which results in gen-
erating unnatural videos. Since our model samples motions
from the prior that is conditioned on the initial pose of the
reference image, it can generate more natural and robust
talking head videos compared to other models. In addi-
tion, our model synthesizes accurate lip shapes which match
the ground-truth lip shapes, while Audio2Head [32] and
MakeltTalk [37] generate inaccurate lip shapes. Our model
can also synthesize eye blinks while most others [21,36,37]
fail to do so, which also crucially affects the perceptual
quality of the generated videos. We attribute this to our pro-
posed learnable prior with normalizing flow, which learns a
rich multi-modal distribution that maps audio to natural and
realistic motions. Furthermore, since we model the audio-



Table 2. User study reporting MOS with 95% confidence intervals. The higher the better for all of the metrics. The number ranges

from 1 to 5.
Lip Sync Motion Video
Methods Models Accuracy Naturalness Realness
Wav2Lip [21] 3.5+0.32 1.75 £ 0.31 1.61 +0.21
Audio-driven MakeltTalk [37] 277 +£037 | 2524+0.32 | 2.524+0.33
Audio2Head [32] 2.564+0.38 | 2.68 £0.32 | 2.4540.33
StyleTalker (ours) 4.06 £ 0.22 | 3.47 +0.31 | 3.11 £+ 0.35
Motion-controllable PC-AVS [26] 3,704+ 0.30 | 293 +£0.31 | 2.754+0.36
StyleTalker (ours)  3.77 £ 0.26 | 3.65 £ 0.31 3.5+0.35
Table 3. Ablation study. of the faces. For PC-AVS [36], it generates more natural
videos than audio-driven methods since it uses real videos
LSE-C1 Motion Video as the pose source. However, it fails to synthesis eye blink-
Naturalness  Realness ing, which is important for the perceptual quality of the
StyleTalker 853 86.11% 86.11% generated videos. Thus, its motion naturalness and video
w/o Flow 8.48 13.89%. 13.89% realness scores are lower than those from our model.
W/0 Diayne 6.71 N/A N/A

motion space as probabilistic distributions, we can generate
multiple videos with different motions by sampling several
times from the same input audio.

Motion-controllable generation. Additionally, we show
the video frames generated by our model and PC-AVS in a
motion-controllable manner, in Fig 6. Our model can gen-
erate frames with the same motions as the motion source,
synthesizing accurate lip movements that match the given
audio. This demonstrates that our model successfully dis-
entangles motions and lip movements. PC-AVS [36] also
seems to disentangle pose and lip movements, but the faces
generated with the method have unnatural eyes and have
less pose variations than those generated with our method.

User Study. We conduct an user study for the percep-
tual quality of the videos generated using our model and
the baselines. Specifically, we use MOS (mean opinion
score) for evaluating the generated videos based on three
criteria: lip sync accuracy, motion naturalness, and video
realness. MOS are rated by the 1-to-5 scale and reported
with the 95% confidence intervals (CI). 20 judges partic-
ipated in the study, where each evaluated 4 videos gener-
ated by ours and other models, presented in random orders.
Please see the Supplementary File for more details. Table 2
shows the results of the user study. Our model outperforms
all baselines in three metrics, on both audio-driven and
motion-controllable talking face generation tasks, demon-
strating that it can generate accurate and natural talking
head videos. Wav2Lip [21] scores high on audio-visual
sync performance, but its motion naturalness and video real-
ness scores are low since it only synthesizes the lower half

4.3. Ablation Study

We further conduct an ablation study to verify the effec-
tiveness of each component of our model, namely normal-
izing flow and the lip-sync discriminator. We use three met-
rics: LSE-C, motion naturalness, and video realness. For
motion naturalness and video realness, 12 judges received
6 sets of two videos in a random order, each created with
two different methods (w/ and w/o normalizing flow), and
were asked to choose the better one. The results of the
ablation study are shown in Table 3. First of all, we ob-
serve that most of the judges prefer the videos generated
by our model to the ones generated by the model without
normalizing flow in terms of motion naturalness and video
realness. Specifically, removing normalizing flow resulted
in fluctuated motions, and the model even failed to learn
eye blinks. Secondly, without the lip-sync discriminator,
the LSE-C score dropped, indicating the importance of the
lip-sync discriminator for synthesizing accurate lip shapes.

5. Conclusion

We propose StyleTalker, a novel framework that can gen-
erate natural and realistic videos of human talking heads
from a single reference image with diverse motions and
lip shapes that are accurately synchronized with the input
audio. Specifically, we leverage the power of the style-
based generator and estimate the latent style codes to gen-
erate a talking head video. To this end, we propose a novel
conditional sequential VAE framework augmented with the
normalizing flow for modeling complex audio-to-motion
distribution. This allows our model to generate realistic
talking head videos either in a motion-controllable man-
ner using another video as a motion source, or in a com-



pletely audio-driven manner. The experimental results and
user study show that StyleTalker achieves state-of-art per-
formance, generating significantly more realistic videos in
comparison to baselines.
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StyleTalker: One-shot Style-based
Audio-driven Talking Head Video Generation

Supplementary Material

Please check ‘ShowSamples.html’ in the supplementary file, which includes the videos generated by StyleTalker and
other baselines.

A. Detailed model architecture
A.l. Overall architecture

We use StyleGAN3 [13] as the image generator, Gy, and pSp encoder [23] as the image encoder, Enc;. We use
ResNetSE18 [11] as the audio encoder, Fncs. Among 16 different style codes in the latent style vector, W+, of the
reference image, we process first 8 style codes, wg ~ wy, independently using each corresponding Conditional Sequential
VAE block. Each Conditional Sequential VAE block consists of the posterior encoder, smoothing module, w manipulation
module, prior encoder and normalizing flow.
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Conditional
wy Sequential VAE

Wi0.7

. .
. : .
Gy
X —| Enc
re 1
! Conditional P
wy ———| Sequential VAE 7,07 —
s Ws,0:1 —
o Wo,0.7 —
. .
H .
* .
K s Wis,0.1 — 1
Wekres WHor P
0:T

Figure 7. Overall architecture.

A.2. Posterior encoder and smoothing module

Posterior encoder: Each style code, w; o.7, in the latent style vector, W+; 0.7, is fed into the posterior encoder to
output latent motion variables, m; o.7. In detail, they first go through two fully-connected layers with LeakyReLU and Tanh
activation functions. The hidden units and output units are 128 and 32. Then, they are concatenated with audio features,
ao.7, which have 32 hidden units through a fully-connected layer, and go into a LSTM layer followed by a fully-connected
layer, which predicts means and standard deviations, 1.7 and o¢.7. Eventually, the motion latent variables, m; o.7, can be
sampled from the predicted means and standard deviations. Smoothing module: After the motion latent variables, m; o.r,
are concatenated with the audio features, ag.r, they are fed into the smoothing module. The smoothing module consists of a
1D GaussianSmoothing filter, 1D convolution layer and LeakyReLU activation. All hidden units in the smoothing modules
are 128. Then, the smoothing module outputs smoothed vectors, ¢; o.7, following Eq. 12.
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Figure 8. Posterior encoder (red) and smoothing module (gray).

A.3. Prior encoder and normalizing flow

Prior encoder: The prior encoder consists of two LSTM layers. The first LSTM layer takes the h; ¢, which is extracted
from the reference image, as an input and outputs a latent variable, m; o. The second LSTM layer takes the previous latent
variables, m; ;1 concatenated with the audio features, a;; as an input and outputs the current latent variable, m; ;. The both
LSTM layers have 256 hidden units. The audio features have 32 hidden units through a fully-connected layer. Normalizing
flow: Normalizing flow module consists of actnorm and affine coupling layers. The affine coupling layer contains 2 stacks
of LSTM layers, each of which has 256 hidden units, to perform autoregressive causal transformation. Furthermore, we set
the normalizing flow to be volume preserving [25].

Auto-regressive Normalizing Flow
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Figure 9. Prior encoder and normalizing flow.

B. Image encoder training

Dataset Image encoder Ency is also trained on Voxceleb2 [6] dataset. Description for Voxceleb2 is in Sec. 4.

Model Architecture We adopt pixel2style2pixel [23] (pSp) as the image encoder but perform some modifications in order
to replace the StyleGAN?2 [15] with an alias-free StyleGAN generator [ 3]. An alias-free StyleGAN is aligned with previous
versions of StyleGAN [14, 15], but proposes better results in video generation by eliminating the alias through its improved
architectural design.

In detail, following the idea of pSp, we adopt YW+ space where a style vector consist of 16 style codes w
With the backbone network, which is a feature pyramid network [19], style codes are computed with three levels of feature

.
01,15 ¢ R512.



maps and style mapping networks. w% 12 are generated from small feature map, w3%5:¢ from the the medium feature map,

and w” 1 from the largest feature map. Specifically, the backbone network is an improved version of ResNet50 [9] and
the style mapping network is set of 2-strided convolutions followed by LeakyReLU activations [23].

Training We follow the same training scheme proposed in Richardson et al. [23]. Specifically, the loss is defined as follows:
Lysp = MLa(x) + ALpprps(x) + AsLig(x) + AaLreg () 21

We set A1, A2, A3, Aq as 1.0,0.8,0.1,0.01, respectively. For more details, please refer to Richardson et al. [23].



	. Introduction
	. Related Work
	. Method
	. Contrastive Lip-sync Discriminator
	. GAN Inversion
	. Conditional Sequential VAE
	. Training
	. Inference

	. Experiments
	. Quantitative Results
	. Qualitative Results
	. Ablation Study

	. Conclusion
	. Detailed model architecture
	. Overall architecture
	. Posterior encoder and smoothing module
	. Prior encoder and normalizing flow

	. Image encoder training

