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Abstract

plicitly using either style tokens or variational autoencoders (VAEs) (Kingma and Welling, 2014;
Hsu et al., 2019a) which encapsulate prosody information into latent representations. Recent work
achieved fine-grained prosody modelling and control by extracting prosody features at phoneme
or word-level (Lee and Kim, 2019; Sun et al.,
2020a,b). However, the VAE-based TTS system
lacks control over the latent space where the sampling is performed from a standard Gaussian prior
during inference. Therefore, recent research (Dahmani et al., 2019; Karanasou et al., 2021) employed
a conditional VAE (CVAE) (Sohn et al., 2015) to
synthesize speech from a conditional prior. Meanwhile, pre-trained language model (LM) such as
bidirectional encoder representation for Transformers (BERT) (Devlin et al., 2019) has also been applied to TTS systems (Hayashi et al., 2019; Kenter
et al., 2020; Jia et al., 2021; Futamata et al., 2021;
Cong et al., 2021) to estimate prosody attributes implicitly from pre-trained text representations within
the utterance or the segment. Efforts have been devoted to include cross-utterance information in the
input features to improve the prosody modelling of
auto-regressive TTS (Xu et al., 2021).

Modelling prosody variation is critical for synthesizing natural and expressive speech in endto-end text-to-speech (TTS) systems. In this paper, a cross-utterance conditional VAE (CUCVAE) is proposed to estimate a posterior probability distribution of the latent prosody features
for each phoneme by conditioning on acoustic
features, speaker information, and text features
obtained from both past and future sentences.
At inference time, instead of the standard Gaussian distribution used by VAE, CUC-VAE allows sampling from an utterance-specific prior
distribution conditioned on cross-utterance information, which allows the prosody features
generated by the TTS system to be related to
the context and is more similar to how humans naturally produce prosody. The performance of CUC-VAE is evaluated via a qualitative listening test for naturalness, intelligibility and quantitative measurements, including
word error rates and the standard deviation of
prosody attributes. Experimental results on LJSpeech and LibriTTS data show that the proposed CUC-VAE TTS system improves naturalness and prosody diversity with clear margins.

1

Introduction

Recently, abundant research have been performed
on modelling variations other than the input text
in synthesized speech such as background noise,
speaker information, and prosody, as those directly
influence the naturalness and expressiveness of the
generated audio. Prosody, as the focus of this paper, collectively refers to the stress, intonation, and
rhythm in speech, and has been an increasingly
popular research aspect in end-to-end TTS systems
(van den Oord et al., 2016; Wang et al., 2017; Stanton et al., 2018; Elias et al., 2021; Chen et al., 2021).
Some previous work captured prosody features ex* These
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To generate more expressive prosody, while
maintaining high fidelity in synthesized speech, a
cross-utterance conditional VAE (CUC-VAE) component is proposed, which is integrated into and
jointly optimised with FastSpeech 2 (Ren et al.,
2021), a commonly used non-autoregressive end-toend TTS system. Specifically, the CUC-VAE TTS
system consists of cross-utterance embedding (CUembedding) and cross-utterance enhanced CVAE
(CU-enhanced CVAE). The CU-embedding takes
BERT sentence embeddings from surrounding utterances as inputs and generates phoneme-level CUembedding using a multi-head attention (Vaswani
et al., 2017) layer where attention weights are derived from the encoder output of each phoneme as
well as the speaker information. The CU-enhanced
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CVAE is proposed to improve prosody variation
and to address the inconsistency between the standard Gaussian prior, which the VAE-based TTS
system is sampled from, and the true prior of
speech. Specifically, the CU-enhanced CVAE is
a fine-grained VAE that estimates the posterior of
latent prosody features for each phoneme based on
acoustic features, cross-utterance embedding, and
speaker information. It improves the encoder of
standard VAE with an utterance-specific prior. To
match the inference with training, the utterancespecific prior, jointly optimised with the system, is
conditioned on the output of CU-embedding. Latent prosody features are sampled from the derived
utterance-specific prior instead of a standard Gaussian prior during inference.
The proposed CUC-VAE TTS system was evaluated on the LJ-Speech read English data and the
LibriTTS English audiobook data. In addition to
the sample naturalness measured via subjective listening tests, the intelligibility is measured using
word error rate (WER) from an automatic speech
recognition (ASR) system, and diversity in prosody
was measured by calculating standard deviations of
prosody attributes among all generated audio samples of an utterance. Experimental results showed
that the system with CUC-VAE achieved a much
better prosody diversity while improving both the
naturalness and intelligibility compared to the standard FastSpeech 2 baseline and two variants.
The rest of this paper is organised as follows.
Section 2 introduces the background and related
work. Section 3 illustrates the proposed CUC-VAE
TTS system. Experimental setup and results are
shown in Section 4 and Section 5, with conclusions
in Section 6.

2

Background

Non-Autoregressive TTS. Promising progress has
taken place in non-autoregressive TTS systems to
synthesize audio with high efficiency and high fidelity thanks to the advancement in deep learning. A non-autoregressive TTS system maps the
input text sequence into an acoustic feature or
waveform sequence without using the autoregressive decomposition of output probabilities. FastSpeech (Ren et al., 2019) and ParaNet (Peng et al.,
2019) requires distillation from an autoregressive
model, while more recent non-autoregressive TTS
systems, including FastPitch (La’ncucki, 2021),
AlignTTS (Zeng et al., 2020) and FastSpeech

2 (Ren et al., 2021), do not rely on any form of
knowledge distillation from a pre-trained TTS system. In this paper, the proposed CUC-VAE TTS
system is based on FastSpeech 2. FastSpeech 2
replaces the knowledge distillation for the length
regulator in FastSpeech with mean-squared error
training based on duration labels, which are obtained from frame-to-phoneme alignment to simplify the training process. Additionally, FastSpeech
2 predicts pitch and energy from the encoder output,
which is also supervised with pitch contours and
L2-norm of signal amplitudes as labels respectively.
The pitch and energy prediction injects additional
prosody information, which improves the naturalness and expressiveness in the synthesized speech.
Pre-trained Representation in TTS. It is believed that prosody can also be inferred from language information in both current and surrounding
utterances (Shen et al., 2018; Fang et al., 2019;
Xu et al., 2021; Zhou et al., 2021). Such information is often entailed in vector representations from
a pre-trained LM, such as BERT (Devlin et al.,
2019). Some existing work incorporated BERT
embeddings at word or subword-level into autoregressive TTS models (Shen et al., 2018; Fang et al.,
2019). More recent work (Xu et al., 2021) used the
chunked and paired sentence patterns from BERT.
Besides, a relational gated graph network with pretrained BERT embeddings as node inputs (Zhou
et al., 2021) was used to extract word-level semantic representations, thus enhancing expressiveness.
VAEs in TTS. VAEs have been widely adopted
in TTS systems to explicit model prosody variation. The training objective of VAE is to maximise pθ (x), the data likelihood parameterised by
θ, which can be regarded as the marginalisation
w.r.t. the latent vector z as shown in Eq. (1).
Z
pθ (x) = pθ (x | z)p(z)dz.
(1)
To make this calculation tractable, the marginalisation is approximated using evidence lower bound
(ELBO):
LELBO (x) = Eqϕ (z|x) [log pθ (x|z)]
− βDKL (qϕ (z|x)∥p(z)) ,

(2)

where qϕ (z|x) is the posterior distribution of
the latent vector parameterized by ϕ, β is a hyperparameter, and DKL (·) is the Kullback-Leibler
divergence. The first term measures the expected
reconstruction performance of the data from the

392

Hi

Di

<latexit sha1_base64="solDIowmRI2OU1862xVApQkad60=">AAAB83icbVDLSgMxFL2pr1pfVZdugkVwVWaqoMuimy4r2Ad0hpJJM21oJjMkGaEM/Q03LhRx68+482/MtLPQ1gOBwzn3ck9OkAiujeN8o9LG5tb2Tnm3srd/cHhUPT7p6jhVlHVoLGLVD4hmgkvWMdwI1k8UI1EgWC+Y3ud+74kpzWP5aGYJ8yMyljzklBgreV5EzCQIs9Z8yIfVmlN3FsDrxC1IDQq0h9UvbxTTNGLSUEG0HrhOYvyMKMOpYPOKl2qWEDolYzawVJKIaT9bZJ7jC6uMcBgr+6TBC/X3RkYirWdRYCfzjHrVy8X/vEFqwls/4zJJDZN0eShMBTYxzgvAI64YNWJmCaGK26yYTogi1NiaKrYEd/XL66TbqLtX9cbDda15V9RRhjM4h0tw4Qaa0II2dIBCAs/wCm8oRS/oHX0sR0uo2DmFP0CfPzc+kcw=</latexit>

Zi

<latexit sha1_base64="GFTWYNDr3N6mnQxwUAg64uTOypw=">AAAB83icbVDLSgMxFL2pr1pfVZdugkVwVWaqoMuiLlxWsA/oDCWTZtrQTGZIMkIZ+htuXCji1p9x59+YaWehrQcCh3Pu5Z6cIBFcG8f5RqW19Y3NrfJ2ZWd3b/+genjU0XGqKGvTWMSqFxDNBJesbbgRrJcoRqJAsG4wuc397hNTmsfy0UwT5kdkJHnIKTFW8ryImHEQZnezAR9Ua07dmQOvErcgNSjQGlS/vGFM04hJQwXRuu86ifEzogyngs0qXqpZQuiEjFjfUkkipv1snnmGz6wyxGGs7JMGz9XfGxmJtJ5GgZ3MM+plLxf/8/qpCa/9jMskNUzSxaEwFdjEOC8AD7li1IipJYQqbrNiOiaKUGNrqtgS3OUvr5JOo+5e1BsPl7XmTVFHGU7gFM7BhStowj20oA0UEniGV3hDKXpB7+hjMVpCxc4x/AH6/AExIpHI</latexit>

<latexit sha1_base64="ZZMrcJi38o/UdNVPM68yAWuReEE=">AAAB83icbVDLSgMxFL1TX7W+qi7dBIvgqsxUQZdFNy4r2Ad2hpJJM21oJhOSjFCG/oYbF4q49Wfc+Tdm2llo64HA4Zx7uScnlJxp47rfTmltfWNzq7xd2dnd2z+oHh51dJIqQtsk4YnqhVhTzgRtG2Y47UlFcRxy2g0nt7nffaJKs0Q8mKmkQYxHgkWMYGMl34+xGYdR9jgbsEG15tbdOdAq8QpSgwKtQfXLHyYkjakwhGOt+54rTZBhZRjhdFbxU00lJhM8on1LBY6pDrJ55hk6s8oQRYmyTxg0V39vZDjWehqHdjLPqJe9XPzP66cmug4yJmRqqCCLQ1HKkUlQXgAaMkWJ4VNLMFHMZkVkjBUmxtZUsSV4y19eJZ1G3buoN+4va82boo4ynMApnIMHV9CEO2hBGwhIeIZXeHNS58V5dz4WoyWn2DmGP3A+fwBSvJHe</latexit>

Duration Predictor

Utterance-Specific Prior

Linear

zp ⇠ N (µp ,
<latexit sha1_base64="lFcM9zkp5xhRz57pXUiCPGFWjpQ=">AAAB9HicbVDLSgNBEOyNrxhfUY9eBoPgKexGQY9BLx4jmAckS5idzCZDZh/O9Abiku/w4kERr36MN//G2WQPmlgwUFR10zXlxVJotO1vq7C2vrG5Vdwu7ezu7R+UD49aOkoU400WyUh1PKq5FCFvokDJO7HiNPAkb3vj28xvT7jSIgofcBpzN6DDUPiCUTSS2wsojgSmT7N+TPrlil215yCrxMlJBXI0+uWv3iBiScBDZJJq3XXsGN2UKhRM8lmpl2geUzamQ941NKQB1246Dz0jZ0YZED9S5oVI5urvjZQGWk8Dz0xmIfWyl4n/ed0E/Ws3FWGcIA/Z4pCfSIIRyRogA6E4Qzk1hDIlTFbCRlRRhqankinBWf7yKmnVqs5FtXZ/Wanf5HUU4QRO4RwcuII63EEDmsDgEZ7hFd6sifVivVsfi9GCle8cwx9Ynz8JKZJE</latexit>

cat

Multi-Head Attention

µ

µp

<latexit sha1_base64="uveq51XskeZ/BmBbyb/DEzkG8yU=">AAAB7XicbVDLSgNBEOyNrxhfUY9eBoPgKexGQY9BLx4jmAckS5idzCZj5rHMzAphyT948aCIV//Hm3/jJNmDJhY0FFXddHdFCWfG+v63V1hb39jcKm6Xdnb39g/Kh0cto1JNaJMornQnwoZyJmnTMstpJ9EUi4jTdjS+nfntJ6oNU/LBThIaCjyULGYEWye1eoYNBe6XK37VnwOtkiAnFcjR6Je/egNFUkGlJRwb0w38xIYZ1pYRTqelXmpogskYD2nXUYkFNWE2v3aKzpwyQLHSrqRFc/X3RIaFMRMRuU6B7cgsezPxP6+b2vg6zJhMUkslWSyKU46sQrPX0YBpSiyfOIKJZu5WREZYY2JdQCUXQrD88ipp1arBRbV2f1mp3+RxFOEETuEcAriCOtxBA5pA4BGe4RXePOW9eO/ex6K14OUzx/AH3ucPna2PJw==</latexit>

<latexit sha1_base64="nbJkEHDwzYaEHhwDxKTozxlg3O0=">AAAB73icbVBNSwMxEJ2tX7V+VT16CRbBU9mtgh6LXjxWsB/QLiWbZtvQJBuTrFCW/gkvHhTx6t/x5r8xbfegrQ8GHu/NMDMvUpwZ6/vfXmFtfWNzq7hd2tnd2z8oHx61TJJqQpsk4YnuRNhQziRtWmY57ShNsYg4bUfj25nffqLasEQ+2ImiocBDyWJGsHVSp2fYUOC+6pcrftWfA62SICcVyNHol796g4SkgkpLODamG/jKhhnWlhFOp6VeaqjCZIyHtOuoxIKaMJvfO0VnThmgONGupEVz9fdEhoUxExG5ToHtyCx7M/E/r5va+DrMmFSppZIsFsUpRzZBs+fRgGlKLJ84golm7lZERlhjYl1EJRdCsPzyKmnVqsFFtXZ/Wanf5HEU4QRO4RwCuII63EEDmkCAwzO8wpv36L14797HorXg5TPH8Afe5w8mnpAK</latexit>

<latexit sha1_base64="SgxVSzpwKz3Kk8tvzOmuxt1nP4k=">AAAB7HicbVBNSwMxEJ31s9avqkcvwSJ4KrtV0GPRi8cKbltol5JNs21okg1JVihLf4MXD4p49Qd589+YtnvQ1gcDj/dmmJkXK86M9f1vb219Y3Nru7RT3t3bPzisHB23TJppQkOS8lR3YmwoZ5KGlllOO0pTLGJO2/H4bua3n6g2LJWPdqJoJPBQsoQRbJ0U9kTWV/1K1a/5c6BVEhSkCgWa/cpXb5CSTFBpCcfGdANf2SjH2jLC6bTcywxVmIzxkHYdlVhQE+XzY6fo3CkDlKTalbRorv6eyLEwZiJi1ymwHZllbyb+53Uzm9xEOZMqs1SSxaIk48imaPY5GjBNieUTRzDRzN2KyAhrTKzLp+xCCJZfXiWtei24rNUfrqqN2yKOEpzCGVxAANfQgHtoQggEGDzDK7x50nvx3r2PReuaV8ycwB94nz/lJI69</latexit>

<latexit sha1_base64="YUIm7Tsc5b5P2pMGLKWRa4Nw0cU=">AAAB6nicbVBNSwMxEJ3Ur1q/qh69BIvgqexWQY9FLx4r2g9ol5JNs21okl2SrFCW/gQvHhTx6i/y5r8xbfegrQ8GHu/NMDMvTAQ31vO+UWFtfWNzq7hd2tnd2z8oHx61TJxqypo0FrHuhMQwwRVrWm4F6ySaERkK1g7HtzO//cS04bF6tJOEBZIMFY84JdZJDz2Z9ssVr+rNgVeJn5MK5Gj0y1+9QUxTyZSlghjT9b3EBhnRllPBpqVealhC6JgMWddRRSQzQTY/dYrPnDLAUaxdKYvn6u+JjEhjJjJ0nZLYkVn2ZuJ/Xje10XWQcZWklim6WBSlAtsYz/7GA64ZtWLiCKGau1sxHRFNqHXplFwI/vLLq6RVq/oX1dr9ZaV+k8dRhBM4hXPw4QrqcAcNaAKFITzDK7whgV7QO/pYtBZQPnMMf4A+fwBerI3a</latexit>

f (p1 ), f (p2 ), · · · , f (pT )

p)

<latexit sha1_base64="CV0xJZ/+v1sBH5gPKOhM4Epataw=">AAACCnicbVDLSsNAFJ3UV62vqEs3o0WoICWpgi6LblxJBfuAJoTJdNoOnUmGmYlQQtdu/BU3LhRx6xe482+ctFlo64ELh3Pu5d57QsGo0o7zbRWWlldW14rrpY3Nre0de3evpeJEYtLEMYtlJ0SKMBqRpqaakY6QBPGQkXY4us789gORisbRvR4L4nM0iGifYqSNFNiHnqIcehzpIUYsvZ1UPJ4E4hQafcBRIE4Cu+xUnSngInFzUgY5GoH95fVinHASacyQUl3XEdpPkdQUMzIpeYkiAuERGpCuoRHiRPnp9JUJPDZKD/ZjaSrScKr+nkgRV2rMQ9OZ3azmvUz8z+smun/ppzQSiSYRni3qJwzqGGa5wB6VBGs2NgRhSc2tEA+RRFib9EomBHf+5UXSqlXds2rt7rxcv8rjKIIDcAQqwAUXoA5uQAM0AQaP4Bm8gjfryXqx3q2PWWvBymf2wR9Ynz9+tJog</latexit>

p

<latexit sha1_base64="hiCwzhA/O56GEAP7pDn/PhiOjSo=">AAACBXicbVBNS8MwGE7n15xfVY96CA5hgzHaKehx6MXjhH3BVkqapltY2pQkFUbZxYt/xYsHRbz6H7z5b0y3HnTzgZAnz/O+vHkfL2ZUKsv6Ngpr6xubW8Xt0s7u3v6BeXjUlTwRmHQwZ1z0PSQJoxHpKKoY6ceCoNBjpOdNbjO/90CEpDxqq2lMnBCNIhpQjJSWXPM0qMSuXa1lV6NaG2KfK1mD2bNddc2yVbfmgKvEzkkZ5Gi55tfQ5zgJSaQwQ1IObCtWToqEopiRWWmYSBIjPEEjMtA0QiGRTjrfYgbPteLDgAt9IgXn6u+OFIVSTkNPV4ZIjeWyl4n/eYNEBddOSqM4USTCi0FBwqDiMIsE+lQQrNhUE4QF1X+FeIwEwkoHV9Ih2Msrr5Juo25f1Bv3l+XmTR5HEZyAM1ABNrgCTXAHWqADMHgEz+AVvBlPxovxbnwsSgtG3nMM/sD4/AG9I5Yt</latexit>

b
Speaker
Embeding

Transformer
<latexit sha1_base64="iWS+G5prvdqINX1W0gEeo+V/A7E=">AAAB+3icbZDLSgMxFIYz9VbrbaxLN8EiuChlpgq6LLpxWaE3aIchk8m0oZkkJBmxlL6KGxeKuPVF3Pk2pu0stPWHwMd/zuGc/JFkVBvP+3YKG5tb2zvF3dLe/sHhkXtc7miRKUzaWDChehHShFFO2oYaRnpSEZRGjHSj8d283n0kSlPBW2YiSZCiIacJxchYK3TLMvSrMqxXBzgWRltshW7Fq3kLwXXwc6iAXM3Q/RrEAmcp4QYzpHXf96QJpkgZihmZlQaZJhLhMRqSvkWOUqKD6eL2GTy3TgwToezjBi7c3xNTlGo9SSPbmSIz0qu1uflfrZ+Z5CaYUi4zQzheLkoyBo2A8yBgTBXBhk0sIKyovRXiEVIIGxtXyYbgr355HTr1mn9Zqz9cVRq3eRxFcArOwAXwwTVogHvQBG2AwRN4Bq/gzZk5L86787FsLTj5zAn4I+fzB5rLk4Q=</latexit>

L+1

…

BERT

…

b

L

<latexit sha1_base64="oa7erxtNWMKxc22gguHRuGdY4DU=">AAAB7XicbVC7TgMxENzjGcIrQEljiJBCQXQXCigjaCgogkQeUnKKfI4vMfHZJ9uHFJ3yDdBQgBAt/8En0PEh9DiPAhJGWmk0s6vdnSDmTBvX/XIWFpeWV1Yza9n1jc2t7dzObk3LRBFaJZJL1QiwppwJWjXMcNqIFcVRwGk96F+O/Po9VZpJcWsGMfUj3BUsZAQbK9WCdnpyPWzn8m7RHQPNE29K8uWDwvfHQ+u40s59tjqSJBEVhnCsddNzY+OnWBlGOB1mW4mmMSZ93KVNSwWOqPbT8bVDdGSVDgqlsiUMGqu/J1IcaT2IAtsZYdPTs95I/M9rJiY891Mm4sRQQSaLwoQjI9HoddRhihLDB5Zgopi9FZEeVpgYG1DWhuDNvjxPaqWid1os3dg0LmCCDOzDIRTAgzMowxVUoAoE7uARnuHFkc6T8+q8TVoXnOnMHvyB8/4DvHKSPA==</latexit>

<latexit sha1_base64="uuOHQYzOmdc1LCF8YMmziyMLOPg=">AAAB73icbVC7SgNBFL0bXzG+opY2o0GIiGE3FloGbSwsIpgHJEuYncwmQ2Zn15lZISz5BsHGQhFbf8NPsPND7J1sUmjigQuHc+7l3nu8iDOlbfvLyiwsLi2vZFdza+sbm1v57Z26CmNJaI2EPJRNDyvKmaA1zTSnzUhSHHicNrzB5dhv3FOpWChu9TCiboB7gvmMYG2kptdJTq6PnVEnX7BLdgo0T5wpKVT2i98fD+2jaif/2e6GJA6o0IRjpVqOHWk3wVIzwuko144VjTAZ4B5tGSpwQJWbpPeO0KFRusgPpSmhUar+nkhwoNQw8ExngHVfzXpj8T+vFWv/3E2YiGJNBZks8mOOdIjGz6Muk5RoPjQEE8nMrYj0scREm4hyJgRn9uV5Ui+XnNNS+cakcQETZGEPDqAIDpxBBa6gCjUgwOERnuHFurOerFfrbdKasaYzu/AH1vsPlcCSrA==</latexit>

BERT

Conv 1D

<latexit sha1_base64="qt61y0dC4e0OMHc1XGHXJv0kubY=">AAAB7HicbVBNS8NAEJ3Ur1q/qh69LBbBU0mqoMeiF48VTVtoQ9lst+3SzSbsToQS+hu8eFDEqz/Im//GbZuDtj4YeLw3w8y8MJHCoOt+O4W19Y3NreJ2aWd3b/+gfHjUNHGqGfdZLGPdDqnhUijuo0DJ24nmNAolb4Xj25nfeuLaiFg94iThQUSHSgwEo2glP3voiWmvXHGr7hxklXg5qUCORq/81e3HLI24QiapMR3PTTDIqEbBJJ+WuqnhCWVjOuQdSxWNuAmy+bFTcmaVPhnE2pZCMld/T2Q0MmYShbYzojgyy95M/M/rpDi4DjKhkhS5YotFg1QSjMnsc9IXmjOUE0so08LeStiIasrQ5lOyIXjLL6+SZq3qXVRr95eV+k0eRxFO4BTOwYMrqMMdNMAHBgKe4RXeHOW8OO/Ox6K14OQzx/AHzucP7kiOww==</latexit>

p1 , p2 , · · · , pT

···

ui
<latexit sha1_base64="TpwCXOuGPBKYW2nKTLduVUYFqEE=">AAAB7nicbVBNS8NAEJ34WetX1aOXxSJ4KkkV9Fj04rGC/YA2lM120y7dbMLuRCghP8KLB0W8+nu8+W/ctjlo64OBx3szzMwLEikMuu63s7a+sbm1Xdop7+7tHxxWjo7bJk414y0Wy1h3A2q4FIq3UKDk3URzGgWSd4LJ3czvPHFtRKwecZpwP6IjJULBKFqpk6WDTOT5oFJ1a+4cZJV4BalCgeag8tUfxiyNuEImqTE9z03Qz6hGwSTPy/3U8ISyCR3xnqWKRtz42fzcnJxbZUjCWNtSSObq74mMRsZMo8B2RhTHZtmbif95vRTDGz8TKkmRK7ZYFKaSYExmv5Oh0JyhnFpCmRb2VsLGVFOGNqGyDcFbfnmVtOs177JWf7iqNm6LOEpwCmdwAR5cQwPuoQktYDCBZ3iFNydxXpx352PRuuYUMyfwB87nD+kDj/E=</latexit>

Conv 1D

xi

Hi

<latexit sha1_base64="eL0W8wJUw3JjqpATFzu1OH/qCpI=">AAAB7HicbVBNS8NAEJ3Ur1q/qh69LBbBU0mqoMeiF48VTFtoQ9lsp+3SzSbsbsQS+hu8eFDEqz/Im//GbZuDtj4YeLw3w8y8MBFcG9f9dgpr6xubW8Xt0s7u3v5B+fCoqeNUMfRZLGLVDqlGwSX6hhuB7UQhjUKBrXB8O/Nbj6g0j+WDmSQYRHQo+YAzaqzkZ089Pu2VK27VnYOsEi8nFcjR6JW/uv2YpRFKwwTVuuO5iQkyqgxnAqelbqoxoWxMh9ixVNIIdZDNj52SM6v0ySBWtqQhc/X3REYjrSdRaDsjakZ62ZuJ/3md1Ayug4zLJDUo2WLRIBXExGT2OelzhcyIiSWUKW5vJWxEFWXG5lOyIXjLL6+SZq3qXVRr95eV+k0eRxFO4BTOwYMrqMMdNMAHBhye4RXeHOm8OO/Ox6K14OQzx/AHzucPJtqO6A==</latexit>

ui

L

<latexit sha1_base64="Xms6C309BS8tJXGE7MZawvdKaB8=">AAAB8HicbVA9SwNBEJ2LXzF+RS1tFoNgY7iLgpZBGwuLCOZDkiPsbfaSJbt7x+6eEI77FTYWitj6c+z8N26SKzTxwcDjvRlm5gUxZ9q47rdTWFldW98obpa2tnd298r7By0dJYrQJol4pDoB1pQzSZuGGU47saJYBJy2g/HN1G8/UaVZJB/MJKa+wEPJQkawsdJjmvRTdnaXZf1yxa26M6Bl4uWkAjka/fJXbxCRRFBpCMdadz03Nn6KlWGE06zUSzSNMRnjIe1aKrGg2k9nB2foxCoDFEbKljRopv6eSLHQeiIC2ymwGelFbyr+53UTE175KZNxYqgk80VhwpGJ0PR7NGCKEsMnlmCimL0VkRFWmBibUcmG4C2+vExatap3Xq3dX1Tq13kcRTiCYzgFDy6hDrfQgCYQEPAMr/DmKOfFeXc+5q0FJ585hD9wPn8A792Qfg==</latexit>

ui
<latexit sha1_base64="LKrIjkDSIEU50tXgigacuOS8QZM=">AAAB8nicbVA9SwNBEN2LXzF+RS1tFoNgk3AXBS2DNhYWEcwHXI6wt9kkS/Z2j905IRz3M2wsFLH119j5b9wkV2jig4HHezPMzAtjwQ247rdTWFvf2Nwqbpd2dvf2D8qHR22jEk1ZiyqhdDckhgkuWQs4CNaNNSNRKFgnnNzO/M4T04Yr+QjTmAURGUk+5JSAlfw06ae8el/1sqxfrrg1dw68SrycVFCOZr/81RsomkRMAhXEGN9zYwhSooFTwbJSLzEsJnRCRsy3VJKImSCdn5zhM6sM8FBpWxLwXP09kZLImGkU2s6IwNgsezPxP89PYHgdpFzGCTBJF4uGicCg8Ox/POCaURBTSwjV3N6K6ZhoQsGmVLIheMsvr5J2veZd1OoPl5XGTR5HEZ2gU3SOPHSFGugONVELUaTQM3pFbw44L86787FoLTj5zDH6A+fzB86PkPA=</latexit>

L 1

Conv 1D
cat

G2P

Si

Conv 1D

<latexit sha1_base64="solDIowmRI2OU1862xVApQkad60=">AAAB83icbVDLSgMxFL2pr1pfVZdugkVwVWaqoMuimy4r2Ad0hpJJM21oJjMkGaEM/Q03LhRx68+482/MtLPQ1gOBwzn3ck9OkAiujeN8o9LG5tb2Tnm3srd/cHhUPT7p6jhVlHVoLGLVD4hmgkvWMdwI1k8UI1EgWC+Y3ud+74kpzWP5aGYJ8yMyljzklBgreV5EzCQIs9Z8yIfVmlN3FsDrxC1IDQq0h9UvbxTTNGLSUEG0HrhOYvyMKMOpYPOKl2qWEDolYzawVJKIaT9bZJ7jC6uMcBgr+6TBC/X3RkYirWdRYCfzjHrVy8X/vEFqwls/4zJJDZN0eShMBTYxzgvAI64YNWJmCaGK26yYTogi1NiaKrYEd/XL66TbqLtX9cbDda15V9RRhjM4h0tw4Qaa0II2dIBCAs/wCm8oRS/oHX0sR0uo2DmFP0CfPzc+kcw=</latexit>

Di
<latexit sha1_base64="GFTWYNDr3N6mnQxwUAg64uTOypw=">AAAB83icbVDLSgMxFL2pr1pfVZdugkVwVWaqoMuiLlxWsA/oDCWTZtrQTGZIMkIZ+htuXCji1p9x59+YaWehrQcCh3Pu5Z6cIBFcG8f5RqW19Y3NrfJ2ZWd3b/+genjU0XGqKGvTWMSqFxDNBJesbbgRrJcoRqJAsG4wuc397hNTmsfy0UwT5kdkJHnIKTFW8ryImHEQZnezAR9Ua07dmQOvErcgNSjQGlS/vGFM04hJQwXRuu86ifEzogyngs0qXqpZQuiEjFjfUkkipv1snnmGz6wyxGGs7JMGz9XfGxmJtJ5GgZ3MM+plLxf/8/qpCa/9jMskNUzSxaEwFdjEOC8AD7li1IipJYQqbrNiOiaKUGNrqtgS3OUvr5JOo+5e1BsPl7XmTVFHGU7gFM7BhStowj20oA0UEniGV3hDKXpB7+hjMVpCxc4x/AH6/AExIpHI</latexit>

…

<latexit sha1_base64="9pGPaDabNijkWLtd2pluvCo4p5o=">AAAB7XicbVBNS8NAEJ3Ur1q/qh69BIvgqSRV0GPRi8cK9gPaUDabTbt2sxt2J0Ip/Q9ePCji1f/jzX/jts1BWx8MPN6bYWZemApu0PO+ncLa+sbmVnG7tLO7t39QPjxqGZVpyppUCaU7ITFMcMmayFGwTqoZSULB2uHodua3n5g2XMkHHKcsSMhA8phTglZq9Wik0PTLFa/qzeGuEj8nFcjR6Je/epGiWcIkUkGM6fpeisGEaORUsGmplxmWEjoiA9a1VJKEmWAyv3bqnlklcmOlbUl05+rviQlJjBknoe1MCA7NsjcT//O6GcbXwYTLNEMm6WJRnAkXlTt73Y24ZhTF2BJCNbe3unRINKFoAyrZEPzll1dJq1b1L6q1+8tK/SaPowgncArn4MMV1OEOGtAECo/wDK/w5ijnxXl3PhatBSefOYY/cD5/AK+ljzM=</latexit>

ui
<latexit sha1_base64="CzZeOQlLq1d5d0kxwmKW/r6tSiI=">AAAB8HicbVBNSwMxEJ2tX7V+VT16CRbBi2W3FfRY9OKxgv2QdinZNNuGJtklyQpl2V/hxYMiXv053vw3pu0etPXBwOO9GWbmBTFn2rjut1NYW9/Y3Cpul3Z29/YPyodHbR0litAWiXikugHWlDNJW4YZTruxolgEnHaCye3M7zxRpVkkH8w0pr7AI8lCRrCx0mOaDFJ24WXZoFxxq+4caJV4OalAjuag/NUfRiQRVBrCsdY9z42Nn2JlGOE0K/UTTWNMJnhEe5ZKLKj20/nBGTqzyhCFkbIlDZqrvydSLLSeisB2CmzGetmbif95vcSE137KZJwYKsliUZhwZCI0+x4NmaLE8KklmChmb0VkjBUmxmZUsiF4yy+vknat6tWrtfvLSuMmj6MIJ3AK5+DBFTTgDprQAgICnuEV3hzlvDjvzseiteDkM8fwB87nD8a7kGM=</latexit>

1

Leon came back.

ui

Mia said to Leon,

ui+1

did not stop her work.

<latexit sha1_base64="TpwCXOuGPBKYW2nKTLduVUYFqEE=">AAAB7nicbVBNS8NAEJ34WetX1aOXxSJ4KkkV9Fj04rGC/YA2lM120y7dbMLuRCghP8KLB0W8+nu8+W/ctjlo64OBx3szzMwLEikMuu63s7a+sbm1Xdop7+7tHxxWjo7bJk414y0Wy1h3A2q4FIq3UKDk3URzGgWSd4LJ3czvPHFtRKwecZpwP6IjJULBKFqpk6WDTOT5oFJ1a+4cZJV4BalCgeag8tUfxiyNuEImqTE9z03Qz6hGwSTPy/3U8ISyCR3xnqWKRtz42fzcnJxbZUjCWNtSSObq74mMRsZMo8B2RhTHZtmbif95vRTDGz8TKkmRK7ZYFKaSYExmv5Oh0JyhnFpCmRb2VsLGVFOGNqGyDcFbfnmVtOs177JWf7iqNm6LOEpwCmdwAR5cQwPuoQktYDCBZ3iFNydxXpx352PRuuYUMyfwB87nD+kDj/E=</latexit>

<latexit sha1_base64="1zegKdGKwcRh5C1t7ojyxXg2vco=">AAAB8HicbVBNSwMxEJ2tX7V+VT16CRZBEMpuK+ix6MVjBfsh7VKyabYNTbJLkhXKsr/CiwdFvPpzvPlvTNs9aOuDgcd7M8zMC2LOtHHdb6ewtr6xuVXcLu3s7u0flA+P2jpKFKEtEvFIdQOsKWeStgwznHZjRbEIOO0Ek9uZ33miSrNIPphpTH2BR5KFjGBjpcc0GaTswsuyQbniVt050CrxclKBHM1B+as/jEgiqDSEY617nhsbP8XKMMJpVuonmsaYTPCI9iyVWFDtp/ODM3RmlSEKI2VLGjRXf0+kWGg9FYHtFNiM9bI3E//zeokJr/2UyTgxVJLFojDhyERo9j0aMkWJ4VNLMFHM3orIGCtMjM2oZEPwll9eJe1a1atXa/eXlcZNHkcRTuAUzsGDK2jAHTShBQQEPMMrvDnKeXHenY9Fa8HJZ47hD5zPH8OtkGE=</latexit>

···

CU-Embedding

Encoder

Si [1001]

xi
Reference Mel Spectrogram

Zi
<latexit sha1_base64="ZZMrcJi38o/UdNVPM68yAWuReEE=">AAAB83icbVDLSgMxFL1TX7W+qi7dBIvgqsxUQZdFNy4r2Ad2hpJJM21oJhOSjFCG/oYbF4q49Wfc+Tdm2llo64HA4Zx7uScnlJxp47rfTmltfWNzq7xd2dnd2z+oHh51dJIqQtsk4YnqhVhTzgRtG2Y47UlFcRxy2g0nt7nffaJKs0Q8mKmkQYxHgkWMYGMl34+xGYdR9jgbsEG15tbdOdAq8QpSgwKtQfXLHyYkjakwhGOt+54rTZBhZRjhdFbxU00lJhM8on1LBY6pDrJ55hk6s8oQRYmyTxg0V39vZDjWehqHdjLPqJe9XPzP66cmug4yJmRqqCCLQ1HKkUlQXgAaMkWJ4VNLMFHMZkVkjBUmxtZUsSV4y19eJZ1G3buoN+4va82boo4ynMApnIMHV9CEO2hBGwhIeIZXeHNS58V5dz4WoyWn2DmGP3A+fwBSvJHe</latexit>

Decoder

Mel Spectrogram

<latexit sha1_base64="9pGPaDabNijkWLtd2pluvCo4p5o=">AAAB7XicbVBNS8NAEJ3Ur1q/qh69BIvgqSRV0GPRi8cK9gPaUDabTbt2sxt2J0Ip/Q9ePCji1f/jzX/jts1BWx8MPN6bYWZemApu0PO+ncLa+sbmVnG7tLO7t39QPjxqGZVpyppUCaU7ITFMcMmayFGwTqoZSULB2uHodua3n5g2XMkHHKcsSMhA8phTglZq9Wik0PTLFa/qzeGuEj8nFcjR6Je/epGiWcIkUkGM6fpeisGEaORUsGmplxmWEjoiA9a1VJKEmWAyv3bqnlklcmOlbUl05+rviQlJjBknoe1MCA7NsjcT//O6GcbXwYTLNEMm6WJRnAkXlTt73Y24ZhTF2BJCNbe3unRINKFoAyrZEPzll1dJq1b1L6q1+8tK/SaPowgncArn4MMV1OEOGtAECo/wDK/w5ijnxXl3PhatBSefOYY/cD5/AK+ljzM=</latexit>

<latexit sha1_base64="rqh6OEvXehVAvgISpiGcNY72+4w=">AAAB8XicbVBNSwMxEJ2tX7V+VT16CRbBU9mtgh6LXjxWsB/YXUo2nW1Ds9klyQql9F948aCIV/+NN/+NabsHbX0QeLw3M5l5YSq4Nq777RTW1jc2t4rbpZ3dvf2D8uFRSyeZYthkiUhUJ6QaBZfYNNwI7KQKaRwKbIej25nffkKleSIfzDjFIKYDySPOqLHSo0+6nut6gU965Ypbdecgq8TLSQVyNHrlL7+fsCxGaZigWttBqQkmVBnOBE5LfqYxpWxEB9i1VNIYdTCZbzwlZ1bpkyhR9klD5urvjgmNtR7Hoa2MqRnqZW8m/ud1MxNdBxMu08ygZIuPokwQk5DZ+aTPFTIjxpZQprjdlbAhVZQZG1LJhuAtn7xKWrWqd1Gt3V9W6jd5HEU4gVM4Bw+uoA530IAmMJDwDK/w5mjnxXl3PhalBSfvOYY/cD5/AD4+j1Q=</latexit>

<latexit sha1_base64="qt61y0dC4e0OMHc1XGHXJv0kubY=">AAAB7HicbVBNS8NAEJ3Ur1q/qh69LBbBU0mqoMeiF48VTVtoQ9lst+3SzSbsToQS+hu8eFDEqz/Im//GbZuDtj4YeLw3w8y8MJHCoOt+O4W19Y3NreJ2aWd3b/+gfHjUNHGqGfdZLGPdDqnhUijuo0DJ24nmNAolb4Xj25nfeuLaiFg94iThQUSHSgwEo2glP3voiWmvXHGr7hxklXg5qUCORq/81e3HLI24QiapMR3PTTDIqEbBJJ+WuqnhCWVjOuQdSxWNuAmy+bFTcmaVPhnE2pZCMld/T2Q0MmYShbYzojgyy95M/M/rpDi4DjKhkhS5YotFg1QSjMnsc9IXmjOUE0so08LeStiIasrQ5lOyIXjLL6+SZq3qXVRr95eV+k0eRxFO4BTOwYMrqMMdNMAHBgKe4RXeHOW8OO/Ox6K14OQzx/AHzucP7kiOww==</latexit>

Cross-Utterrance Text

<latexit sha1_base64="eL0W8wJUw3JjqpATFzu1OH/qCpI=">AAAB7HicbVBNS8NAEJ3Ur1q/qh69LBbBU0mqoMeiF48VTFtoQ9lsp+3SzSbsbsQS+hu8eFDEqz/Im//GbZuDtj4YeLw3w8y8MBFcG9f9dgpr6xubW8Xt0s7u3v5B+fCoqeNUMfRZLGLVDqlGwSX6hhuB7UQhjUKBrXB8O/Nbj6g0j+WDmSQYRHQo+YAzaqzkZ089Pu2VK27VnYOsEi8nFcjR6JW/uv2YpRFKwwTVuuO5iQkyqgxnAqelbqoxoWxMh9ixVNIIdZDNj52SM6v0ySBWtqQhc/X3REYjrSdRaDsjakZ62ZuJ/3md1Ayug4zLJDUo2WLRIBXExGT2OelzhcyIiSWUKW5vJWxEFWXG5lOyIXjLL6+SZq3qXVRr95eV+k0eRxFO4BTOwYMrqMMdNMAHBhye4RXeHOm8OO/Ox6K14OQzx/AHzucPJtqO6A==</latexit>

Speaker ID

CU-Embedding

CU-Enhanced CVAE

Figure 1: The CUC-VAE TTS system architecture consists of the cross-utterance embedding (CU-embedding)
and the cross-utterance enhanced (CU-enhanced) CVAE, which are integrated into and jointly optimised with the
FastSpeech 2 system.

latent vector and is approximated by Monte Carlo
sampling of z according to the posterior distribution. The reparameterization trick is applied to
make the sampling differentiable. The second term
encourages the posterior distribution to approach
the prior distribution which is sampled from during
inference, and β weighs this term’s contribution.
A large body of previous work on VAE-based
TTS used VAEs to capture and disentangle data
variations in different aspects in the latent space.
Works by Akuzawa et al. (2018) leveraged VAE to
model the speaking style of an utterance. Meanwhile, Hsu et al. (2019a,b) explored the disentanglement between prosody variation and speaker
information using VAE together with adversarial
training. Recently, fine-grained VAE (Sun et al.,
2020a,b) was adopted to model prosody in the latent space for each phoneme or word. Moreover,
vector-quantised VAE was also applied to discrete
duration modelling by Yasuda et al. (2021).
CVAE is a variant of VAE when the data generation is conditioned on some other information y.
In CVAE, both prior and posterior distributions are
conditioned on additional variables, and the data
likelihood calculation is modified as shown below:

LELBO (x | y) = Eqϕ (z|x,y) [log pθ (x | z, y)]
− βDKL (qϕ (z | x, y)∥p(z | y)) .
To model the conditional prior, a density network
is usually used to predict the mean and variance
based on the conditional input y.

3

pθ (x | z, y)pϕ (z | y)dz.

(3)

Similar to VAE, this intractable calculation can be

CUC-VAE TTS System

The proposed CUC-VAE TTS system, which is
adapted from FastSpeech 2 as shown in Fig. 1,
aims to synthesize speech with more expressive
prosody. Fig. 1 describes the model architecture,
which has two components: CU-embedding and
CU-enhanced CVAE. The CUC-VAE TTS system
takes as input [ui−L , · · · , ui , · · · , ui+L ], si and
xi , where [ui−L , · · · , ui , · · · , ui+L ] is the crossutterance set that includes the current utterance ui
and the L utterances before and after ui . Each u
represents the text content of an utterance. Note
that si is the speaker ID, and xi is the reference
mel-spectrogram of the current utterance ui . In
this section, the two main components of the CUCVAE TTS system will be introduced in detail.
3.1

Z
pθ (x | y) =

converted to the ELBO form as

Cross-Utterance Embedding

The CU-embedding encodes not only the phoneme
sequence and speaker information but also crossutterance information into a sequence of mixture
393

encodings in place of a standard embedding. As
shown in Fig. 1, the first L utterances and the
last L utterances surrounding the current one, ui ,
are used as text input in addition to the current
utterance and speaker information. Same as the
standard embedding, an extra G2P conversion is
first performed to convert the current utterance into
phonemes Pi = [p1 , p2 , · · · , pT ], where T is the
number of phonemes. Then, a Transformer encoder
is used to encode the phoneme sequence into a sequence of phoneme encodings. Besides, speaker
information is encoded into a speaker embedding
si which is directly added to each phoneme encoding to form the mixture encodings Fi of the
phoneme sequence.

where MHA(·) denotes the multi-head attention
layer, W Q , W K and W V are linear projection
matrices, and Fi denotes the sequence of mixture
encodings for the current utterance which acts as
the query in the attention mechanism. For simplicity, we denote Eq. (6) as Gi = [g1 , g2 , · · · , gT ]
from the multi-head attention being of length T
and each of them is then concatenated with its corresponding mixture encoding. The concatenated
vectors are projected by another linear layer to
form the final output Hi of the CU-embedding,
Hi = [h1 , h2 , · · · , hT ] of the current utterance,
as shown in Eq. (7).

Fi = [fi (p1 ), fi (p2 ), · · · , fi (pT )],

where W is a linear projection matrix. Moreover,
an additional duration predictor takes Hi as inputs
and predicts the duration Di of each phoneme.

(4)

where f represents resultant vector from the addition of each phoneme encoding and speaker embedding.
To supplement the text information from the
current utterance to generate natural and expressive audio, cross-utterance BERT embeddings
together with a multi-head attention layer are
used to capture contextual information. To begin with, 2L cross-utterance pairs, denoted as Ci ,
are derived from 2L + 1 neighboring utterances
[ui−L , · · · , ui , · · · , ui+L ] as:
Ci = [c(ui−L , ui−L+1 ), · · · , c(ui−1 , ui ), · · · , c(ui+L−1 , ui+L )],

(5)

where c(uk , uk+1 ) = {[CLS], uk , [SEP], uk+1 },
which adds a special token [CLS] at the beginning
of each pair and inserts another special token [SEP]
at the boundary of each sentence to keep track of
BERT. Then, the 2L cross-utterance pairs are fed
to the BERT to capture cross-utterance information,
which yields 2L BERT embedding vectors by taking the output vector at the position of the [CLS]
token and projecting each to a 768-dim vector for
each cross-utterance pair, as shown below:
Bi = [b−L , b−L+1 , · · · , bL−1 ],
where each vector bk in Bi represents the BERT
embedding of the cross-utterance pair c(uk , uk+1 ).
Next, to extract CU-embedding vectors for each
phoneme specifically, a multi-head attention layer
is added to combine the 2L BERT embeddings into
one vector as shown in Eq. (6).
Gi = MHA(Fi W Q , Bi W K , Bi W V ),

ht = [gt , f (pt )]W ,

3.2

(7)

Cross-Utterance Enhanced CVAE

In addition to the CU-embedding, a CU-enhanced
CVAE is proposed to conquer the lack of prosody
variation of FastSpeech 2 and the inconsistency
between the standard Gaussian prior distribution
sampled by the VAE based TTS system and the
true prior distribution of speech. Specifically, the
CU-enhanced CVAE consists of an encoder module and a decoder module, as shown in Fig. 1. The
utterance-specific prior in the encoder aims to learn
the prior distribution zp from the CU-embedding
output H and predicts duration D. For convenience, the subscript i is omitted in this subsection.
Furthermore, the posterior module in the encoder
takes as input reference mel-spectrogram x, then
model the approximate posterior z conditioned on
utterance-specific conditional prior zp . Sampling
is done from the estimated prior by the utterancespecific prior module and is reparameterized as:
z = µ ⊕ σ ⊗ zp ,

(8)

where µ and σ are estimated from conditional
posterior module to approximate posterior distribution N (µ, σ), zp is sampled from the learned
utterance-specific prior, and ⊕, ⊗ are elementwise
addition and multiplication operation. Furthermore,
the utterance-specific conditional prior module is
conducted to learn utterance-specific prior with
CU-embedding output H and D. The reparameterization is as follows:
zp = µp ⊕ σp ⊗ ϵ,

(6)
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(9)

where µp , σp are learned from the utterancespecific prior module, and ϵ is sampled from the
standard Gaussian N (0, 1). By substituting Eq. (9)
into Eq. (8), the following equation can be derived
for the total sampling process:
z = µ ⊕ σ ⊗ µp ⊕ σ ⊗ σp ⊗ ϵ.

(10)

During inference, sampling is done from the
learned utterance-specific conditional prior distribution N (µp , σp ) from CU-embedding instead of
a standard Gaussian distribution N (0, 1). For simplicity, we can formulate the data likelihood calculation as follows, where the intermediate variable
utterance-specific prior zp from D, H to obtain z
is omitted:
pθ (x | H, D) =

R

pθ (x | z, H, D)pϕ (z | H, D)dz,

(11)
In Eq. (11), ϕ, θ are the encoder and decoder module parameters of the CUC-VAE TTS system.
Moreover, the decoder in CU-enhanced CVAE
is adapted from FastSpeech 2. An additional projection layer is firstly added to project z to a high
dimensional space so that z could be added to H.
Next, a length regulator expands the length of input according to the predicted duration D of each
phoneme. The rest of Decoder is same as the Decoder module in FastSpeech 2 to convert the hidden sequence into an mel-spectrogram sequence
via parallelized calculation.
Therefore, the ELBO objective of the CUC-VAE
can be expressed as,

speaker dataset and a multi-speaker dataset. For the
single speaker setting, the LJ-Speech read English
data (Ito and Johnson, 2017) was used which consists of 13,100 audio clips with a total duration of
approximately 24 hours. A female native English
speaker read all the audio clips, and the scripts were
selected from 7 non-fiction books. For the multispeaker setting, the train-clean-100 and train-clean360 subsets of the LibriTTS English audiobook
data (Zen et al., 2019) were used. These subsets
used here consist of 1151 speakers (553 female
speakers and 598 male speakers) and about 245
hours of audio. All audio clips were re-sampled at
22.05 kHz in experiments for consistency.
The proposed CU-embedding in our system
learns the cross-utterance representation from surrounding utterances. However, unlike LJ-Speech,
transcripts of LibriTTS utterances are not arranged
as continuous chunks of text in their corresponding book. Therefore, transcripts of the LibriTTS
dataset were pre-processed to find the location of
each utterance in the book, so that the first L and
last L utterances of the current one can be efficiently obtained during training and inference. The
pre-processed scripts and our code are available 1 .
4.2

System Specification

4.1 Dataset

The proposed CUC-VAE TTS system was based
on the framework of FastSpeech 2. The CUembedding utilised a Transformer to learn the current utterance representation, where the dimension
of phoneme embeddings and the size of the selfattention were set to 256. To explicitly extract
speaker information, 256-dim speaker embeddings
were also added to the Transformer output. Meanwhile, the pre-trained BERT model to extract crossutterance information had 12 Transformer blocks
and 12-head attention layers with 110 million parameters. The size of the derived embeddings of
each cross-utterance pair was 768-dim. Note that
the BERT model and corresponding embeddings
were fixed when training the TTS system. Network in CU-enhanced CVAE consisted of four 1Dconvolutional (1D-Conv) layers with kernel sizes
of 1 to predict the mean and variance of 2-dim
latent features. Then a linear layer was added to
transform the sampled latent feature to a 256-dim
vector. The duration predictor which consisted of
two convolutional blocks and an extra linear layer

To evaluate the proposed CUC-VAE TTS system,
a series of experiments were conducted on a single

1
https://github.com/NeuroWave-ai/CUCV
AE-TTS

L(x | H, D) = Eqϕ (z|D,H) [log pθ (x | z, D, H)]
− β1
− β2

T
X
n=1
T
X



DKL qϕ1 z n | zpn , x ∥qϕ2 zpn | D, H


DKL qϕ2 zpn | D, H ∥p(zpn ) ,

n=1

(12)
where ϕ1 , ϕ2 are two parts of CUC-VAE encoder ϕ
to obtain z from zp , x and zp from D, H respectively, β1 , β2 are two balance constants, p(zpn ) is
chosen to be standard Gaussian N (0, 1). Meanwhile, z n and zpn correspond to the latent representation for the n-th phoneme, and T is the length of
the phoneme sequence.
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to predict the duration of each phoneme for the
length regulator in FastSpeech 2 was adapted to
take in CU-embedding outputs. Each convolutional
block was comprised of a 1D-Conv network with
ReLU activation followed by a layer normalization and dropout layer. The Decoder adopted four
feed-forward Transformer blocks to convert hidden
sequences into 80-dim mel-spectrogram sequence,
similar to FastSpeech 2. Finally, HifiGAN (Kong
et al., 2020) was used to synthesize waveform from
the predicted mel-spectrogram.
4.3 Evaluation Metrics
In order to evaluate the performance of our proposed component, both subjective and objective
tests were performed. First of all, a subjective
listening test was performed over 11 synthesized
audios with 23 volunteers asked to rate the naturalness of speech samples on a 5-scale mean opinion
score (MOS) evaluation. The MOS results were
reported with 95% confidence intervals. In addition, an AB test was conducted to compare the
CU-enhanced CVAE with utterance-specific prior
and normal CVAE with standard Gaussian prior.
23 volunteers were asked to choose the preference
audio generated by different models in the AB test.
For the objective evaluation, F0 frame error
(FFE) (Chu and Alwan, 2009) and mel-cepstral distortion (MCD) (Kubichek, 1993) were used to measure the reconstruction performance of different
VAEs. FFE combined the Gross Pitch Error (GPE)
and the Voicing Decision Error (VDE) and was
used to evaluate the reconstruction of the F0 track.
MCD evaluated the timbral distortion, which was
computed from the first 13 MFCCs in our experiments. Moreover, word error rates (WER) from an
ASR model trained on the real speech from the LibriTTS training set were reported. Complementary
to naturalness, the WER metric showed both the
intelligibility and the degree of inconsistency between synthetic speech and real speech. The ASR
system used in this paper was an attention-based
encoder-decoder model trained on Librispeech 960hour data, with a WER of 4.4% on the test-clean set.
Finally, the diversity of samples was evaluated by
measuring the standard deviation of two prosody
attributes of each phoneme: relative energy (E)
and fundamental frequency (F0 ), similar to Sun
et al. (2020b). Relative energy was calculated as
the ratio of the average signal amplitude within a
phoneme to the average amplitude of the entire sen-

tence, and fundamental frequency was measured
using a pitch tracker. In this paper, the average
standard deviation of E and F0 of three phonemes
in randomly selected 11 utterances was reported to
evaluate the diversity of generated speech.

5

Results

This section presents the series of experiments for
the proposed CUC-VAE TTS system. First, ablation studies were performed to progressively show
the influence of different parts in the CUC-VAE
TTS system based on MOS and WER. Next, the
reconstruction performance of CUC-VAE was evaluated by FFE and MCD. Then, the naturalness and
prosody diversity using CUC-VAE were compared
to FastSpeech 2 and other VAE techniques. At last,
a case study illustrated the prosody variations with
different cross-utterance information as an example. The audio examples are available on the demo
page 2 .
5.1

Ablation Studies

Ablation studies in this section were conducted on
the LJ-Speech data based on the subjective test and
WER. First, to investigate the effect of the different number of neighbouring utterances, CUC-VAE
TTS systems built with L = 1, 3, 5 were evaluated
using MOS scores, as shown in Table 1.
Table 1: The MOS results of CUC-VAE TTS systems
on LJ-Speech dataset. MOS was reported with 95% confident intervals. “L = 1”,“L = 3”,“L = 5” represented
the number of past and future utterances.

Systems
CUC-VAE
CUC-VAE
CUC-VAE

Cross-utterance (2L)
L=1
L=3
L=5

MOS
2.93 ± 0.12
3.72 ± 0.09
3.95 ± 0.07

The effect of the different number of neighbouring utterances on the naturalness of the synthesized
speech can be observed by comparing MOS scores
which is the higher the better. The CUC-VAE with
L = 5 achieved highest score 3.95 compared to
system with L = 1 and L = 3. Since only marginal
MOS improvements were obtained using more than
5 neighbouring utterances, the rest of experiments
were performed using L = 5.
Then we investigated the influence of each part
of CUC-VAE on performance. The baseline was
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2

http://bit.ly/cuc-vae-tts-demo

our implementation of Fastspeech 2. For the system denoted as Baseline + fine-grained VAE which
served as a stronger baseline, the pitch predictor
and energy predictor of FastSpeech 2 were replaced
with a fine-grained VAE with 2-dim latent space.
Based on the fine-grained VAE baseline, the CVAE
was added without the CU-embedding to the system, referred to as Baseline+CVAE to verify the
function of CVAE on the system, which conditions
on the current utterance. Again, MOS was compared among these systems as shown in Table 2.

Table 3: The subjective listening preference rate between CUC-VAE with or without utterance-specific
prior from the AB test. The CUC-VAE without
utterance-specific prior was a simplified version of
our proposed CUC-VAE where latent samples were
drawn from a standard Gaussian distribution instead of
utterance-specific prior. WER metric was also reported.

Table 2: The MOS results of TTS systems with different
modules on LJ-Speech dataset. MOS was reported with
95% confident intervals. Baseline + fine-grained VAE
added a fine-grained VAE to baseline. Baseline+CVAE
represents a CVAE TTS system without CU-embedding.

extract one latent prosody feature vector for an
utterance was added for more comprehensive comparison, and is referred to as the Global VAE.

Systems
Ground Truth
Baseline
Baseline+Fine-grained VAE
Baseline+CVAE
CUC-VAE

System
CUC-VAE
CUC-VAE

utterance-specific prior
%
!

RATE
0.24
0.76

WER
14.8
9.9

Table 4: Reconstruction preformance on LJ-Speech and
LibriTTS dataset. + Global VAE and + fine-grained
VAE represent that the baseline is added the global VAE
and the fine-grained VAE, respectively.

MOS
4.31 ± 0.06
3.85 ± 0.07
3.55 ± 0.08
3.64 ± 0.08
3.95 ± 0.07

Systems

As shown in Table 2, MOS progressively increased when fine-grained VAE, CVAE, and CUembedding were added in consecutively. The proposed CUC-VAE TTS system achieved the highest
MOS 3.95 compared to baselines. The results indicated that CUC-VAE module played a crucial role
in generating more natural audio.
To verify the importance of the utterancespecific prior to the synthesized audio, the same
CUC-VAE system was used, and the only difference is whether to sample latent prosody features
from the utterance-specific prior or from a standard Gaussian distribution. A subjective AB test
was performed which required 23 volunteers to provide their preference between audios synthesized
from the 2 approaches. Moreover, WER was also
compared here to show the intelligibility of the
synthesized audio. As shown in Table 3, the preference rate of using the utterance-specific prior is
0.52 higher than its counterpart, and a 4.9% absolute WER reduction was found, which confirmed
the importance of the utterance-specific prior in our
CUC-VAE TTS system.
5.2 Reconstruction Performance
FFE and MCD were used to measure the reconstruction performance of VAE systems. An
utterance-level prosody modelling baseline which

Baseline
Baseline+Global VAE
Baseline+Fine-grained VAE
CUC-VAE

LJ-Speech
MCD
6.70
6.50
6.34
6.27

FFE
0.58
0.41
0.26
0.24

LibriTTS
MCD
6.32
6.27
6.28
6.04

FFE
0.58
0.45
0.35
0.34

Table. 4 shows the reconstruction performance
on the LJ-Speech dataset and LibriTTS dataset,
respectively. Baseline had the highest value of FFE
and MCD on the LJ-Speech dataset and LibriTTS
dataset. The value of FFE and MCD decreased
when the global VAE was added and was further
reduced when the fine-grained VAE was added to
the baseline. Our proposed CUC-VAE TTS system
achieved the lowest FFE and MCD across the table
on both the LJ-Speech and LibriTTS datasets. This
indicated that richer prosody-related information
entailed in both cross-utterance and conditional
inputs was captured by CUC-VAE.
5.3

Sample Naturalness and Diversity

Next, sample naturalness and intelligibility were
measured using MOS and WER respectively on
both LJ-Speech and LibriTTS datasets. Complementary to the naturalness, the diversity of generated speech from the conditional prior was evaluated by comparing the standard deviation of E and
F0 similar to (Sun et al., 2020b).
LJ-Speech experiments were shown in left part
of Table. 5. Compared to the global VAE and finegrained VAE, the proposed CUC-VAE received
the highest MOS and achieved the lowest WER.
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Table 5: Sample naturalness and diversity results on LJ-Speech and LibriTTS datasets. Three metrics are reported
for each dataset, namely MOS, WER, and Prosody Std. The Prosody Std. includes standard deviations of relative
energy (E) and fundamental frequency (F0 ) in Hertz within each phonene.
LJ-Speech
MOS
Ground Truth
Baseline
Baseline+Global VAE
Baseline+Fine-grained VAE
CUC-VAE

4.31 ± 0.06
3.85 ± 0.07
3.82 ± 0.07
3.55 ± 0.08
3.95 ± 0.07

WER
8.8
10.8
10.4
12.8
9.9

LibriTTS

Prosody Std.
F0
1.86 × 10−13
1.46
49.60
26.35

Although both F0 and E of the CUC-VAE TTS
system were lower than the baseline + fine-grained
VAE, the proposed system achieved a clearly higher
prosody diversity than the baseline and baseline
+ global VAE systems. The fine-grained VAE
achieved the highest prosody variation as its latent
prosody features were sampled from a standard
Gaussian distribution, which lacks the constraint
of language information from both the current and
the neighbouring utterances. This caused extreme
prosody variations to occur which impaired both
the naturalness and the intelligibility of synthesized
audios. As a result, the CUC-VAE TTS system was
able to achieve high prosody diversity without hurting the naturalness of the generated speech. In
fact, the adequate increase in prosody diversity improved the expressiveness of the synthesized audio,
and hence increased the naturalness.
The right part of Table. 5 showed the results
on LibriTTS dataset. Similar to the LJ-Speech
experiments, the CUC-VAE TTS system achieved
the best naturalness measured by MOS, the best
intelligibility measured by WER, and the secondhighest prosody diversity across the table. Overall,
consistent improvements in both naturalness and
prosody diversity were observed on both singlespeaker and multi-speaker datasets.
5.4 A Case Study
To better illustrate how the utterance-specific
prior influenced the naturalness of the synthesized
speech under a given context, a case study was
performed by synthesizing an example utterance,
“Mary asked the time”, with two different neighbouring utterances: “Who asked the time? Mary
asked the time.” and “Mary asked the time, and was
told it was only five.” Based on the linguistic knowledge, to answer the question in the first setting, an
emphasis should be put on the word “Mary”, while
in the second setting, the focus of the sentence is

MOS

E
6.78 × 10−7
0.0004
0.0670
0.0184

4.10 ± 0.07
3.53 ± 0.08
3.59 ± 0.08
3.43 ± 0.08
3.63 ± 0.08

WER
5.0
6.0
10.8
5.6
5.5

Prosody Std.
F0
2.13 × 10−13
2.01
63.64
30.28

E
7.22 × 10−7
0.0054
0.0901
0.0217

(a) Who asked the time? Mary asked the time.

(b) Mary asked the time, and was told it was only five.

Figure 2: Comparisons between the energy and pitch
contour of same text “Mary asked the time" but different
neighbouring utterances, generated by CUC-VAE TTS
trained on LJ-Speech.

“asked the time”. The model trained on LJ-Speech
dataset was used to synthesize the utterance and
the results were shown in Fig. 2.
Fig. 2 showed the energy and pitch of the two
utterance. Energy of the first word “Mary” in
Fig. 2(a) changed significantly (energy of “Ma-”
was much higher than “-ry”), which reflected an
emphasis on the word “Mary”, whereas in Fig. 2(b),
energy of “Mary” had no obvious change, i.e., the
word was not emphasized. On the other hand,
the fundamental frequency of words “asked” and
“time” stayed at a high level for a longer time in the
second audio than the first one, reflecting another
type of emphasis on those words which was also
coherent with the given context. Therefore, the
difference of energy and pitch between the two utterances demonstrated that the speech synthesized
by our model is sufficiently contextualized.
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Conclusion

In this paper, a non-autoregressive CUC-VAE TTS
system was proposed to synthesize speech with better naturalness and more prosody diversity. CUCVAE TTS system estimated the posterior distribution of latent prosody features for each phone based
on cross-utterance information in addition to the
acoustic features and speaker information. The
generated audio was sampled from an utterancespecific prior distribution, approximated based on
cross-utterance information. Experiments were
conducted to evaluate the proposed CUC-VAE TTS
system with metrics including MOS, preference
rate, WER, and the standard deviation of prosody
attributes. Experiment results showed that the proposed CUC-VAE TTS system improved both the
naturalness and prosody diversity in the generated
audio samples, which outperformed the baseline in
all metrics with clear margins.
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