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Abstract

This paper presents our work on phrase break prediction in the context
of end-to-end TTS systems, motivated by the following questions: (i) Is
there any utility in incorporating an explicit phrasing model in an end-
to-end TTS system?, and (ii) How do you evaluate the effectiveness of a
phrasing model in an end-to-end TTS system? In particular, the utility
and effectiveness of phrase break prediction models are evaluated in in
the context of children’s story synthesis, using listener comprehension.
We show by means of perceptual listening evaluations that there is a clear
preference for stories synthesized after predicting the location of phrase
breaks using a trained phrasing model, over stories directly synthesized
without predicting the location of phrase breaks.

1 Introduction

Text-to-Speech (TTS) can be considered as a signal inversion problem: Given
a highly compressed source signal (text), we need to “decompress” it back to
audio. This is a difficult task as there are multiple ways for the same text to be
spoken. Over the past few years, along with the rise of Seq2Seq architectures
in neural machine translation and speech recognition, there has been a push
towards deep Seq2Seq TTS architectures that can be trained on <text, audio>
pairs without the need for complex sub-systems. However, unlike neural machine
translation or speech recognition, TTS outputs are continuous and the output
sequences are much longer than the input sequences.

These models effectively integrate out unlabeled attributes such as style or
prososdy. As a result, during synthesis, explicit control of these latent attributes
is not possible. To enable control of these attributes, typical end-to-end TTS
systems have to be augmented with a mechanism for capturing such attributes.
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While there has been considerable work done towards style and prosody mod-
eling in end-to-end TTS systems [1–9], in comparision very little work has been
done for phrase break prediction in end-to-end TTS systems.

In this paper, we present work on phrase break prediction in end-to-end TTS
systems, motivated by the following questions

1. Is there any utility in incorporating an explicit phrasing model in an end-
to-end TTS system?

2. How do you evaluate the effectiveness of a phrasing model in an end-to-end
TTS system?

In particular, we evaluate the utility and effectiveness of phrase break pre-
diction models in the context of children’s story synthesis. We use listener
comprehension as a criterion to evaluate the effectiveness of the phrase break
prediction models, and their influence on the synthesis output. We hypothesize
that using an external phrasing model in the end-to-end TTS system would
result in better listener comprehension of the synthesized speech.

The rest of this paper is organized as follows, Section 2 gives an overview
of phrase break prediction for TTS, Section 3 presents the phrasing models
used in this work, Section 4 presents the end-to-end TTS system used in this
work, Section 5 addresses incorporation and evaluation of the effectiveness of
our phrasing models in the end-to-end TTS system and Section 6 summarizes
the paper and presents our conclusions.

2 Phrase break prediction

Spoken utterances have an inherent structure in the sense that some words seem
to group naturally together and some words seem to have a notable break or
disjuncture between them. This can be described in terms of prosodic phrasing,
meaning that a spoken utterance has a prosodic phrase structure, similar to how
a written utterance has a syntactic phrase structure.

Phrase breaks in natural speech are important; they are physiologically es-
sential, help emphasize content, and improve the intelligibility of speech. Phrase
breaks can be classified into several levels [10]. They have a non-linear relation-
ship with syntactic breaks [11], and are specific to a speaker [12, 13]. The style
of phrase breaks is also a function of the type of text at hand. For example,
the phrasing pattern of a speaker reading news text may be different from the
phrasing pattern of the same speaker while reading a story book.

The process of inserting phrase breaks in an utterance is called phrasing.
In the context of speech synthesis, phrasing is a crucial step. It breaks long
utterances into meaningful units of information and improves the intelligibilty
of the synthesized speech. More importantly, phrasing is often the first step
for other models of prosody, such as accent and intonation prediction [14, 15]
and duration modeling [16]. Any errors made in the initial phrasing step are
propagated to other prosody models, ultimately resulting in synthetic speech
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that is unnatural and difficult to understand. This is true even in the case
of recent End-to-End speech synthesis architectures that are trained on <text,
audio> pairs without the need for complex sub-systems.

Phrase breaks are manifested in the speech signal in the form of several
acoustic cues like pauses as well as relative changes in the intonation and du-
ration of syllables. Acoustic cues such as pre-pausal lengthening of rhyme,
speaking rate, breaths, boundary tones and glottalization also play a role in in-
dicating phrase breaks in speech [17–19]. However, representing these non-pause
acoustic cues in terms of features is not easy and not well understood [12]. In
this paper we restrict ourselves only to pauses in speech, and limit our phrase
break models to predicting the locations of pauses while synthesizing speech.
This is the approach followed in [20–26].

2.1 Phrase break prediction in TTS systems

The phrase break prediction task in TTS can be described as follows: “Given
an utterance (represented as a sequence of words) to be synthesized by the TTS,
make a decision at each word boundary indicating whether a break should be
inserted after that word or not.”

Traditionally, phrase break prediction has been achieved by using machine
learning models like regression trees or HMMs in conjunction with data la-
beled with linguistic classes (such as part-of-speech (POS) tags, phrase struc-
ture etc.) [11,27–32]. A lot of effort has also been directed towards unsupervised
methods of inducing word representations, which can be used as surrogates for
POS tags/linguistic classes, in the phrase break prediction task [22,33,34].

With the advent of deep learning as well as techniques for deriving/inducing
continuous dimensional representations of words, called ‘word embeddings’,
there have been efforts to apply these techniques to phrase break prediction [21,
23–25, 35]. In [26], the authors model phrase break prediction as a sequence
modeling task and show experimentally that using recurrent neural network
(RNN) models outperforms feedforward DNN models for phrase break predic-
tion. In [36], the authors combine representations from a BLSTM language
model with those from a fine-tuned BERT model for phrase break prediction in
Japanese TTS synthesis.

3 Phrasing models

3.1 Data used

We used the LibriTTS dataset [37], a multi-speaker English corpus of approx-
imately 585 hours of read English speech designed for TTS research. Our
phrasing models were trained using the open sourced LibriTTS alignments1,
created using the Montreal-Forced-Aligner2 with the pretrained English model.

1Available at https://github.com/kan-bayashi/LibriTTSLabel
2https://github.com/MontrealCorpusTools/Montreal-Forced-Aligner
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These alignments provide the locations of pauses introduced by the speaker while
recording the utterances, which were used to train the phrasing models. The
‘train-clean-360’ split was used for training while the ‘dev-clean’ and ‘test-clean’
splits were used for validation and test respectively. Since the LibriTTS dataset
is a multi-speaker dataset, our phrasing models trained using this dataset are
generic speaker independent phrasing models for English.

3.2 Systems built

We train two phrase break prediction models on the dataset described in Sec-
tion 3.1.

1. A bidirectional LSTM (BLSTM) token classification model using task-
specific static word embeddings trained from scratch

2. A BERT model with an additional token classification layer fine-tuned on
phrase break prediction

We describe both models below. As has been mentioned earlier, these models
are generic speaker independent phrasing models for English, as opposed to the
typical phrasing models in literature, which are speaker dependent phrasing
models trained on the same data used to build the TTS model. The code to
train both models is available online at https://github.com/anandaswarup/

phrase_break_prediction.

3.2.1 BLSTM token classification model using task-specific static
word embeddings trained from scratch

This model is a bidirectional LSTM (BLSTM) token classification model, which
given a sequence of words as input, labels each word boundary with either a
B or NB indicating whether a break should be inserted after that word or not.
The inputs to the model are word embeddings corresponding to each word in
the input sequence. These word embeddings are randomly initialized and jointly
trained along with the model on the task at hand, and are thus task-specific
word embeddings. The sequence of word embeddings is then passed to a stack of
2 bidirectional LSTM (BLSTM) layers, which extracts contextual features from
the input word embedding sequence. The output of the stacked BLSTM layers,
corresponding to each input token, is then passed to a simple binary classifier
consisting of a dense feedforward layer followed by a softmax. The outputs of
the model are probabilities from the softmax layer over the set of possible tags
(B and NB in this case). Figure 1 shows the architecture of this model.

This entire model was randomly initialized and trained to convergence using
the Adam optimizer [38] and a cross-entropy loss. Table 1 shows the model
parameter as well as training hyperparameter values for this model.

During inference, to generate a sequence of break indices for a given text
input, a greedy approach is followed. We first run the forward pass of the
model on the input sequence, and select the most likely break index (B or NB)
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The boy played with the ball

Embedding Layer

Softmax

NB B NB NB NB NBArgmax

BLSTM layer x 2

Classification layer Dense layer

Figure 1: BLSTM token classification model using task-specific static embed-
dings trained from scratch. Inputs to the model are word embeddings which
are randomly initialized and jointly trained along with the model on the task
at hand, outputs of the model are probabilities from a softmax layer over the
set of possible tags (B and NB).

Table 1: Model parameter and training hyperparameter values for the BLSTM
token classification model using task-specific word embeddings trained from
scratch

word embedding dimension 300
number of BLSTM layers 2

size of the hidden layer of each BLSTM 512
training batch size 64
training optimizer Adam [38]

learning rate 0.001
number of training epochs 10

for each input token by applying an argmax over the probabilities generated by
the softmax layer corresponding to that particular token.
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3.2.2 BERT model with an additional token classification layer fine-
tuned on phrase break prediction

This model consists of a pretrained BERT model, with an additional token clas-
sification layer to perform phrase break prediction. As we had neither the data
nor the computational resources to train a BERT model from scratch, we made
use of the Transformers3 library which provides APIs and tools to easily down-
load and fine-tune state-of-the-art pretrained models. We used the ‘bert-base-
uncased’ model from the Transformers library, which a pretrained BERTBASE

model trained on uncased English text. Figure 2 shows the architecture of this
model.

The boy played with the ball

Softmax

NB B NB NB NB NBArgmax

BERT

Classification layer

[CLS]

Dense layer

Figure 2: BERT model with a token classification head. The BERT model
was pretrained on uncased English text and was later fine-tuned on phrase
break prediction. The dense classification layer was randomly intialized and it’s
parameters were learnt from scratch.

The dense classification layer was randomly initialized and the entire model
was fine-tuned on phrase break prediction using the Adam optimizer [38] and
a cross-entropy loss. During training, the parameters of the dense classification
layer were learnt from scratch while the parameters of the pretrained BERT
model were fine-tuned for phrase break prediction. Table 2 shows the fine-
tuning parameter values used for this model.

Similar to the BLSTM model (Section 3.2.1), during inference, a greedy
approach is followed, to generate a sequence of break indices for a given text
input. We first run the forward pass of the model on the input sequence, and
select the most likely break index (B or NB) for each input token by applying
an argmax over the probabilities generated by the softmax layer corresponding
to that particular token.

3https://huggingface.co/docs/transformers/index
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Table 2: Fine-tuning parameter values for the BERT model with an additional
token classification layer fine-tuned on phrase break prediction

bert model name ‘bert-base-uncased’
batch size 64

learning rate 0.00001
gradient clipping norm 10

number of epochs 10

3.3 Objective evaluation of phrasing models

Table 3 shows the performance of both models described in Section 3.2 on
the phrase break prediction task. We report our results in terms of the F-
Measure [39] which is defined as the harmonic mean of precision and recall.
F-measure values range from 0 to 1, with higher values indicating better per-
formance.

Table 3: Performance (in terms of the F-measure) of the BLSTM model trained
from scratch and the fine-tuned BERT model on phrase break prediction

BLSTM model trained from scratch 0.90
Fine-tuned BERT model 0.92

An examination of the results shows that fine-tuning a pretrained BERT
model with an additional token classification layer outperforms a BLSTM token
classification model using task-specific static word embeddings trained from
scratch.

4 End-to-End TTS system

The end-to-end speech synthesis system used in this work consists of:

1. A Tacotron2 model; with Dynamic Convolutional Attention which modi-
fies the hybrid location sensitive attention mechanism to be purely location
based, resulting in better generalization on long utterances. This model
takes text as input and predicts a sequence of mel-spectrogram frames as
output.

2. A WaveRNN based vocoder; which takes the mel-spectrogram predicted
by the Tacotron2 model as input and generates a waveform as output.
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4.1 Architecture Details

We describe the architecture details of both the Tacotron2 and WaveRNN mod-
els below. The mel spectrograms used for training both models are computed
from 22,050 Hz audio using a 50 ms frame size, a 12.5 ms frame shift, an FFT
size of 2048 and a Hann window. The FFT energies are then transformed to
the mel scale using an 80 channel mel filterbank followed by log dynamic range
compression.

4.1.1 Tacotron2 model

The Tacotron2 model used in this work is based on the system described in [40],
which is composed of an encoder and decoder with attention. Figure 3 shows
the block diagram of this model. We use phoneme sequence in combination
with punctuation and word boundaries as input to the Tacotron2 model. This
way mispronunciations are reduced and the network learns appropriate pausing
through the punctuation. More specifically, the Tacotron2 model learns to insert
a pause whenever it encounters a comma in the text.

Phone Embeddings

3 x Convolutional 
Layers

BLSTM

Input Text

Encoder

Prenet

2 x LSTM Layers

Mel Spectrogram Frames

Decoder

Dynamic Convolution 
Attention

Figure 3: Architecture of the Tacotron2 model

The encoder takes an input text sequence and maps this into a sequence
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of hidden states. The input phonemes are reperesented using a learned 512
dimensional embedding., which is then passed through a stack of 3 convolutional
layers, each containing 512 filters of shape 5×1 followed by batch normalization
and ReLU activation. These convolutional layers model longer-term context in
the input text sequence. The output of the final convolutional layer is passed
to a single bidirectional LSTM layer of 512 units (256 forward units + 256
backward units) to generate the encoded hidden state sequence (also called the
memory) which is the output of the encoder.

The output of the encoder is passed to the attention network which summa-
rizes the full encoded sequence as a fixed-length context vector for each decoder
output step. Our system uses dynamic convolution attention [40], which uses
1-D convolutions consisting of 8 filters of length 21 for the static and dynamic
filters respectively, and a 1-D convolution consisting of 1 filter of length 11 for
the causal prior filter.

The decoder is an autoregressive recurrent neural network which predicts a
sequence of mel spectrogram frames from the encoded input sequence, one frame
at a time. The prediction from the previous timestep is passed to through a
prenet containing 2 fully connected layers of 256 units with ReLU activations.
This prenet acts as an information bottleneck and is essential for learning atten-
tion. The prenet output and the attention context vector are concatenated and
passed through a stack of 2 LSTM layers of 1024 units each. The LSTM output
is concatenated with the attention context vector and projected through a lin-
ear transform to predict the target mel spectrogram frame. We use a reduction
factor of 2, i. e. we predict two mel spectrogram frames for each decoder step.

All the convolutional layers in the network are regularized using dropout
with probability 0.5 while the LSTM layers are regularized using dropout with
probability 0.1. To ensure output variation at inference time, dropout with
probability 0.5 is applied to the layers of the decoder prenet.

4.1.2 WaveRNN model

The WaveRNN model used in this work is based on the system described in [41,
42], which consists of a conditioning network and an autoregressive network.
The conditioning network consists of a pair of bidirectional GRU layers of 128
units each. The autoregressive network is a single GRU layer of 896 units
followed by a pair of affine layers and finally a softmax layer of 1024 units which
predicts 10 bit mu-law quantized audio samples. Figure 4 shows the block
diagram of this model.

4.2 Training details

We train both the Tacotron2 and the WaveRNN models seperately on the
LJSpeech dataset [43], a public dataset consisting of 13,100 short audio clips of
a single speaker, reading passages from 7 non-fiction books. The total length of
the dataset is ∼24 hrs. For both models, we train on a 12,838 utterance subset
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2 x GRU

Mel Spectrograms

GRU

Affine

ReLU

Affine

Softmax

Audio Embedding

Synthesized Audio

Upsampling

Figure 4: Architecture of the WaveRNN model

(∼23 hrs), while our validation and held out test subsets have 131 utterances
each.

The Tacotron2 model is trained using teacher-forcing (the ground truth mel
spectrogram is used as the input for each decoder step). We train using the
Adam optimizer for 300k steps with a batch size of 128 on a single Nvidia
GeForce RTX 2080 Ti GPU. We use an initial learning rate of 1×10−3 which is
then reduced to 5× 10−4, 2.5× 10−4, 1.25× 10−4, 6.25× 10−5 and 3.125× 10−5

at 20k, 40k, 100k, 150k and 200k steps respectively.
We train the WaveRNN model using the Adam optimizer for 300k steps with

a batch size of 32 on a single Nvidia GeForce RTX 2080 Ti GPU. We use an
initial learning rate of 4 × 10−4 which is halved every 25k steps.

The code used to train both models can be found at https://github.com/
anandaswarup/TTS.
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5 Incorporation and evaluation of the phrasing
models in the End-to-End TTS system

We evaluate the utility and effectiveness of both phrasing models in the context
of children’s story synthesis, using listener comprehension. Our hypothesis is
that using an external phrasing model in the end-to-end TTS system would
result in better listener comprehension of the synthesized speech.

In text, phrase breaks are usually represented by punctuation. Typically,
TTS systems insert a pause in the synthesized speech whenever they encounter
a comma in the text to be synthesized. As mentioned in Section 4.1.1 the end-
to-end TTS model used in this work is also trained to insert a pause whenever
it encounters a comma in the text. Given unpunctuated text as input, both
models described in Section 3 punctuate the text with commas, and the text
with predicted commas is then passed to the TTS system to be synthesized.

We first collect children’s stories text (which is unpuctuated or has minimal
punctuation) from the web, and then synthesize them under three different
scenarios using the end-to-end TTS system described in Section 4. We describe
all three different scenarios below

1. Scenario 1 The story text is directly passed to the TTS system to be
synthesized, without predicting the location of commas in the text. In
our results, this model is refered to as ‘No Phrasing Model’.

2. Scenario 2 The story text is punctuated by the trained BLSTM token
classification model using task-specific static word embeddings trained
from scratch, and the punctuated text is passed to the TTS system to
be synthesized. In our results, this model is refered to as ‘BLSTM Phras-
ing Model’.

3. Scenario 3 The story text is punctuated by the BERT model with an
additional token classification layer fine-tuned on phrase break prediction,
and the punctuated text is passed to the TTS system to be synthesized.
In our results, this model is refered to as ‘BERT Phrasing Model’.

In order to evaluate children’s stories synthesized using the three scenarios
described above, we performed subjective listening tests. The listening tests
were set up as a pairwise ABX task, where two scenarios were compared at a
time. In each case, synthesized stories from two scenarios were presented to the
participants in a randomized order, and the participants were asked to mark
the version they preferred, one story at a time. They also had an option of no
preference if they could not pick one utterance over the other.

Text correponding to 5 children’s stories were randomly selected, and syn-
thesized for each scenario mentioned above, giving us a total of 15 synthesized
stories. 25 masters students of IIIT Hyderabad participated in the evaluation.
All participants were present in a quiet room and used headphones while per-
forming the evaluation.
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The ABX tests were hosted on https://golisten.ucd.ie. Figure 5 shows
a screen shot of the test interface. Tables 4, 5 and 6 show the results of the ABX
evaluations between ‘No Phrasing Model’ and ‘BLSTM Phrasing Model’, ‘No
Phrasing Model’ and ‘BERT Phrasing Model’, ‘BLSTM Phrasing Model’ and
‘BERT Phrasing Model’ respectively. All the samples used in the ABX eval-
uations can be found online at https://anandaswarup.github.io/phrase_

break_prediction/.

Figure 5: Screen shot of the ABX test interface

Table 4: ABX evaluation between ‘No Phrasing Model’ and ‘BLSTM Phrasing
Model’

% Preference
No Phrasing Model 23.2%

BLSTM Phrasing Model 55.2%
No Preference 21.6%

Table 5: ABX evaluation between ‘No Phrasing Model’ and ‘BERT Phrasing
Model’

% Preference
No Phrasing Model 23.7%

BERT Phrasing Model 58.5%
No Preference 17.8%

An examination of the results in Tables 4 and 5 shows a clear preference for
text punctuated using a trained phrasing model before being synthesized, over
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Table 6: ABX evaluation between ‘BLSTM Phrasing Model’ and ‘BERT Phras-
ing Model’

% Preference
BLSTM Phrasing Model 32%
BERT Phrasing Model 44.8%

No Preference 23.2%

text directly synthesized without predicting the location of commas. This an-
swers the first question posed in the beginning, about the utility of incorporating
an explicit phrasing model in an end-to-end TTS system.

The results in Table 6 shows a slight preference for the ‘BERT Phrasing
Model’ over the ‘BLSTM Phrasing Model’. This corresponds to the results in
Section 3.3 showing that the ‘BERT Phrasing model’ has a slightly better F1
score than the ‘BLSTM Phrasing Model’.

6 Summary & Conclusions

In this paper, we presented our work on phrase break prediction in the context
of end-to-end TTS systems, which was motivated by the following questions: (i)
Is there any utility in incorporating an explicit phrasing model in an end-to-end
TTS system?, and (ii) How do you evaluate the effectiveness of a phrasing model
in an end-to-end TTS system?

In particular, we wished to evaluate the utility and effectiveness of phrase
break prediction models in the context of children’s story synthesis. We used
listener comprehension as a criterion to evaluate the effectiveness of the phrase
break prediction models, and their influence on the synthesis output.

We trained an end-to-end speech synthesis system consisting of: (i) A Tacotron2
model; with Dynamic Convolutional Attention which modifies the hybrid loca-
tion sensitive attention mechanism to be purely location based, resulting in bet-
ter generalization on long utterances, and (ii) A WaveRNN based vocoder. The
Tacotron2 model takes text as input and predicts a sequence of mel-spectrogram
frames as output, while the WaveRNN model takes the mel-spectrogram pre-
dicted by the Tacotron2 model as input and generates a waveform as output.

In text, phrase breaks are usually represented by punctuation. Typically,
TTS systems insert a pause in the synthesized speech whenever they encounter
a comma in the text to be synthesized. We trained our end-to-end TTS system
to insert a pause whenever it encounters a comma in the text.

We trained two models for phrase break prediction: (i) A BLSTM token
classification model using task-specific static word embeddings trained from
scratch, and (ii) A BERT model with an additional token classification layer
fine-tuned on phrase break prediction. As both models were trained on the same
multi-speaker dataset, these are generic speaker independent phrasing models
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for English. Given unpunctuated text as input, both models punctuate the text
with commas, and the text with predicted commas is then passed to the TTS
system to be synthesized.

We collected unpunctuated children’s stories text from the web, and then
synthesized them under three different scenarios using the end-to-end TTS sys-
tem descibed above: (i) Scenario 1, where the story text is directly passed to
the TTS system to be synthesized, without predicting the location of commas
in the text, (ii) Scenario 2, where the story text is punctuated by the trained
BLSTM token classification model using task-specific static word embeddings
trained from scratch, and the punctuated text is passed to the TTS system to
be synthesized, and (ii) Scenario 3, where the story text is punctuated by the
BERT model with an additional token classification layer fine-tuned on phrase
break prediction, and the punctuated text is passed to the TTS system to be
synthesized.

In order to evaluate children’s stories synthesized using the three scenarios,
we performed subjective listening tests setup as pariwise ABX tasks and showed
that there is clear preference for text punctuated using a trained phrasing model
before being synthesized, over text directly synthesized without predicting the
location of commas. This clearly validates the utility of explicit phrasing models
in end-to-end TTS systems.
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