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Abstract

Neural text-to-speech (TTS) generally consists of cascaded
architecture with separately optimized acoustic model and
vocoder, or end-to-end architecture with continuous mel-
spectrograms or self-extracted speech frames as the interme-
diate representations to bridge acoustic model and vocoder,
which suffers from two limitations: 1) the continuous acous-
tic frames are hard to predict with phoneme only, and acous-
tic information like duration or pitch is also needed to solve
the one-to-many problem, which is not easy to scale on large
scale and noise datasets; 2) to achieve diverse speech output
based on continuous speech features, complex VAE or flow-
based models are usually required. In this paper, we propose
FoundationTTS, a new speech synthesis system with a neu-
ral audio codec for discrete speech token extraction and wave-
form reconstruction and a large language model for discrete to-
ken generation from linguistic (phoneme) tokens. Specifically,
1) we propose a hierarchical codec network based on vector-
quantized auto-encoders with adversarial training (VQ-GAN),
which first extracts continuous frame-level speech representa-
tions with fine-grained codec, and extracts a discrete token from
each continuous speech frame with coarse-grained codec; 2) we
jointly optimize speech token, linguistic tokens, speaker token
together with a large language model and predict the discrete
speech tokens autoregressively. Experiments show that Founda-
tionTTS achieves a MOS gain of +0.14 compared to the base-
line system. In ASR customization tasks, our method achieves
7.09% and 10.35% WERR respectively over two strong cus-
tomized ASR baselines.

Index Terms: Text to Speech, Large Language Model, VQ-
GAN, Audio Codec

1. Introduction

Text-to-speech (TTS) can help reduce word error rate (WER) in
the customization of automatic speech recognition (ASR) espe-
cially for low resource or out-of-vocabulary (OOV) scenarios by
generating synthetic speech, and using the text and speech pairs
to update the ASR models or using a spelling correction model
with hypothesis decoded from TTS data [1, 12} |3} 4} 15,16, 7,18} 19].
However, compared to real speech in ASR training set, the
adaptation performance with synthesized speech is inferior due
to a lack of complex recording conditions, diverse and realis-
tic speaker variance, and dynamic prosodic speech for different
linguistic contexts, which reveals the drawback of neural TTS
that is trained with relatively small and clean dataset compared
to ASR applications that usually have 1000x more data. Thus,
the closer the synthesized speech can simulate compared to real
speech in the ASR training set, the better the customization per-
formance. TTS models with a large-scale data set and diverse
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speech output are the key factors for better ASR customization
with synthesized speech.

Neural text-to-speech synthesis [10, 11} 12, [13] 14} [15]
16} 117, 118} 19} 120, 21}, 22] has shown close to human qual-
ity in terms of naturalness and audio fidelity in the past years,
with cascaded or end-to-end Transformer or LSTM architec-
tures. Cascaded models separately optimize acoustic model
and vocoder with autoregressive [12] or non-autoregressive [[16]
Transformer layers, while end-to-end (E2E) TTS simplifies the
model building by jointly training acoustic model and vocoder
to improve the speech quality with traditional mel-spectrograms
[15]] or automatically learned speech representations [18]]. The
predicted frame-level features are transformed to raw waveform
by the neural vocoders with adversarial training (23} 24125/ 26].
DelightfulTTS 2 [18] proposes a new codec network based on
vector-quantized auto-encoders with adversarial training to au-
tomatically learn frame-level speech representations. Instead
of using mel-spectrograms or other pre-designed features, it
uses the codec encoder to extract speech representations, quan-
tize them with residual vector quantizers, and then uses the
codec decoder to reconstruct waveform with adversarial train-
ing. Though the above works achieve high quality on a small
and clean dataset, it is hard to scale with larger or noisy datasets
with diversity control due to complex and continuous acoustic
feature dependency between the acoustic model and vocoder.

TTS with continuous speech feature is hard to solve the
one-to-many problem as output randomness is hard to im-
plement on frame-level speech features to achieve observ-
able diversity on prosody and speaker, and features like mel-
spectrograms, linear-spectrograms or self-extracted speech fea-
tures are highly correlated along time and frequency axes which
leads to overfitting or over smoothing effects for the acous-
tic model to predict. Human speech naturally has a random
sampling effect like white noise in source-filter vocoders [27,
28, 129, 130, 131] that linguistic or acoustic condition is not
enough to simulate. Since diverse control is easier to achieve
than language or image models do, some works leverage dis-
crete speech tokens to explore different architectures to re-
place continuous feature-based models. [32] proposes an E2E
TTS framework based on VQ-VAE [33]] and neural machine
translation (NMT), where the VQ-VAE model learns a map-
ping from the speech waveform into a sequence of discrete to-
kens, and the Transformer-based NMT model is trained to es-
timate the discrete token sequence from a given input, due to
the use of discrete speech tokens, it can do sampling at each
step as in NMT and ASR and thus avoid the over smoothing
problem. VQTTS [34] consists of an acoustic model (AM)
called txt2vec and a vocoder called vec2wav, which uses a self-
supervised vector-quantized (VQ) acoustic feature rather than
mel-spectrograms, in which txt2vec is a classification model
with cross-entropy loss rather than a regression model while
vec2wav uses an additional feature encoder for smoothing the



discontinuous quantized feature. Instead of predicting the com-
plicated mel-spectrograms, txt2vec only needs to consider the
correlation along the time axis, which reduces the gap between
ground truth speech frames and the predicted ones. Although
diversity can be achieved by sampling in inference time, these
discrete models typically use a very small amount and relatively
clean dataset like popular JUST or LJ Speech [35l136], but
large-scale and nosier datasets are not yet systemically explored
especially in diverse speech output for ASR customization.

Large language model (LLM) based acoustic model is mak-
ing remarkable progress on large-scale speech dataset train-
ing. Speech recording typically contains acoustic or seman-
tic abstractions like fine-grained phonetic-level or word-level
prosody, syntax, grammar attributes, or coarse-grained at-
tributes like speaker identification, style class, accent type, etc.
Neural codec models have achieved close to recording quality
by leveraging methods such as autoregressive waveform mod-
eling [37,138139] and adversarial training [40, 16,41} 142]]. Lan-
guage models have also demonstrated their ability to model
high-level, long-term sequences for different content types, as
shown by the recent advances in text (43| 44| 45| 46| 147]] and
image [48, 49,150, 51} 152, 53]. Audio generation [54} 55| 56}
57, 1581 159] has made progress towards a natural audio syn-
thesis that remains natural and consistent over time.  [54]
shows that a Transformer [60] decoder trained on discretized
speech units can generate coherent speech without relying on
textual phonemes, by a continuing generation with a speech
prompt or music prompt sequence with dynamic acoustic diver-
sity, linguistic consistency, and high audio fidelity. However,
the prompt is speech unit only and the speaker or text prompt is
not yet explored.

In this work, we propose FoundationTTS, a framework
that enables high-quality and diverse text-to-speech generation
with long-term linguistic and acoustic dependency modeling on
large-scale speech datasets. As demonstrated by our exper-
iments, the speech output of FoundationTTS is more diverse
than traditional models due to discrete sampling mechanisms in
language models. We achieve this objective by combining re-
cent advances in the adversarial neural audio codec, end-to-end
neural text-to-speech [18], and large language modeling [43].
Specifically, starting from a raw audio waveform, we first re-
construct the waveform with a fine-grained audio codec, where
the codec encoder extracts the frame-level speech representa-
tions from the waveform with a set of residual quantizers, which
capture the acoustic details of the audio waveform and allow
for high-quality reconstruction by the codec decoder. Then we
construct another coarse speech codec to reconstruct the fine-
grained speech representations with few quantizers to get the
acoustic/speech tokens. At last, we trained a decoder-only lan-
guage model, which autoregressively predicts the acoustic to-
kens from the coarse-grained speech codec which captures both
local dependencies (e.g., phonetics in speech) and global long-
term structure (e.g., semantic content in speech). Modeling both
linguistic and acoustic tokens lead to both high audio quality
and long-term consistency. In summary, we make the following
contributions:

* We propose FoundationTTS, a framework for text-to-speech
generation, which combines discrete speech tokens in a hier-
archical fashion with a large language model to achieve long-
term consistency and diverse output on large-scale and com-
plex speech datasets.

* We propose a hierarchical codec network with the fine-
grained codec reconstructing waveform with frame-level

speech representations and coarse-grained codec reconstruct-
ing the speech representations with fewer quantizers to con-
vert continuous representations to discrete speech tokens for
language modeling.

* We demonstrate the ability of FoundationTTS to generate
linguistically consistent, prosody-diverse, and high-quality
speech for ASR domain customization and general neural
text-to-speech.

2. FoundationTTS

FoundationTTS is a two-stage TTS model, in the first stage, we
introduce a hierarchical audio code that can encode and recon-
struct waveform, more specifically, it consists of two compo-
nents: 1) fine-grained audio codec for continuous speech frame
extraction. 2) coarse-grained audio codec for discrete speech
token extraction. In the second stage, a prefix language model
is trained over the discrete speech token sequence generated by
the audio codec in the first stage. We use the prefix language
model instead of the encoder-decoder paradigm because it can
simplify the model structure and has gained great success in
GPT-like models.

2.1. Speech Tokenizer with Hierarchical Audio Codec

The neural audio codec uses more bitrate to reconstruct high-
quality waveform comparable to real speech with discrete to-
kenizers at the frame level, which will increase the discrete
speech token number at each frame with multiple residual quan-
tizers but directly using smaller quantizer is hard to recon-
struct waveform because real audio samples are complex with
noises, besides language model performs poor on too long-
range context modeling and the tokenizer is based on character
or word piece which is much shorter than speech frames. The
fine-grained codec frame and coarse-grained LM model unit
thus need a balance for audio codec reconstruction quality and
LM performance. To solve this contradiction, as in Figure [2]
we designed a hierarchical audio codec as a speech tokenizer:
first, the fine-grained audio codec encodes waveform to con-
tinuous features with a convolutional encoder and reconstructs
waveform with a mirror decoder from the bottleneck layer via
residual quantizers; then the coarse-grained audio codec further
compresses the continuous representation generated by the fine-
grained codec using fewer quantizers for shorter speech token
sequence.

2.1.1. Fine-Grained Codec with VQGAN

Fine-grained codec is like the frame-level feature extraction net-
work in Delightful TTS 2 [18]], which consists of a waveform
down-sampling encoder, and another mirrored up-sampling de-
coder, and a residual vector quantizer acting as a feature bottle-
neck. The codec encoder receives 16kHZ waveform as input,
and down-sampling it to frame-level representation by convolu-
tional layers, resulting in a 600X compression ratio with down-
sampling layers. The frame-level speech representation is then
quantized by a residual vector quantizer (RVQ) with multiple
vector quantizers; thus, we can compress the 16kHz continuous
waveform samples into 26.7 Hz discrete speech tokens with 3.4
kbps, with a frame length of 37.5ms, in this way we can tok-
enize each speech frame into multiple discrete tokens, but it’s
slow to predict multiple discrete tokens in one step like [S4],
which flattens multiple speech tokens at each step and predicts
autoregressively from coarse quantizer layers.
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Figure 1: Prefix language model of FoundationTTS. Delightful TTS blocks act as the phoneme encoder with phoneme tokens and position
embedding as input. A speaker token is also added to the prefix noted as SPK. A set of transformer decoders perform autoregressive
decoding of speech tokens with full phoneme tokens and speaker tokens.

2.1.2. Coarse-Grained Codec for LM Token Extraction

A coarse-grained codec is designed to reconstruct the frame
level feature from the fine-grained codec but with fewer quan-
tizers, more quantizers will better reconstruct waveform in a
fine-grained codec but it will also increase the speech token
number for one speech frame and make it hard for language
modeling with discrete tokens, the coarse-grained codec makes
a balance on the token number and waveform reconstruction
quality based on the pre-trained fine-grained codec. The frame-
level acoustic feature from the fine-grained codec acts as the
reconstruction target for the coarse-grained codec. The fine-
grained frame-level speech acoustic features are first fed into
an improved conformer encoder [16], and the output is then
quantized by a single-layer vector quantizer. Finally, the fine-
grained audio codec acoustic features are reconstructed by an-
other conformer decoder. The purpose of reconstructing the
fine-grained speech frames instead of the waveform is to sim-
plify the predicting target and thus we can use fewer quantiz-
ers to approximate the speech by the fine-grained codec. To
further improve reconstruction ability, we don’t reconstruct fea-
tures directly, instead, the decoder predicts the weight distribu-
tion of fine-grained RVQ, which we found will perform better
tokenization in experiments and speed up training convergence.

We used the same discriminators described in Delightfultts
2 [18], which combine multi-scale and multi-period discrimina-
tors for both fine-grained audio codec and coarse-grained audio
codec.

2.2. TTS Language Modeling

The acoustic model in traditional neural TTS is designed to pre-
dict continuous speech features, for example, mel-spectrograms
used by TransformerTTS, FastSpeech, and Delightful TTS [12}
13L[16]] or self-learned acoustic features used by NaturalSpeech
and Delightful TTS 2 [221|18] from linear spectrum or waveform
directly. Although these models can synthesize high-quality

and natural speech, two drawbacks are still obvious: 1) hard
to leverage complex real-world speech or large-scale speech
datasets for acoustic modeling, such as noisier data in ASR cor-
pus or audiobook instead of relatively clean recorded speech.
2) it is not straightforward to synthesize diverse speech out-
put from continuous frame-level features to reduce the one-to-
many mapping issue in TTS. Generally, optional approaches are
needed to alleviate the diverse issue. The first class is to pro-
vide additional acoustic or linguistic conditions for the acoustic
model except for the phoneme sequence input, such as pitch or
phoneme embeddings (611162} |63]], prosodies in different gran-
ularities have also been added to TTS in [64} [65]. The effec-
tiveness of VQVAE is also explored in [66] . Another approach
to address the problem is to exploit better training criteria ex-
cept for the common L1 or L2 loss criterion for AM. How-
ever, the real acoustic distribution is much more complicated.
Hence, some research uses normalizing flow [6} 67] for this
problem. The normalizing flow transforms the data distribution
into a known simple distribution and is optimized via maximum
log-likelihood. However, both VAE and flow models should be
carefully designed to ensure invertibility and stability, which re-
stricts the scalability of such models.

As in Figure[I] to overcome these problems, we use dis-
crete speech tokens as the modeling unit and designed a pre-
fix language model to predict these discrete tokens. Specifi-
cally, the speech-language model consists of a Delightful TTS
encoder block and a decoder-only Transformer block. The
Delightful TTS encoder extracts linguistic representations from
phoneme or text sequence, and the decoder-only transformer
will autoregressively generate discrete acoustic tokens with lin-
guistic representations as a prefix. The linguistic prefix and dis-
crete speech tokens are fed into the same transformer decoder
without a cross-attention layer. Different position embeddings
and tokens are used to distinguish them from each other. We
use bi-directional self-attention over linguistic prefixes and use
monotonous self-attention on discrete speech tokens. Speaker
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Figure 2: The structure of the hierarchical codec network consists of a fine-grained codec and a coarse-grained codec. The fine-grained
codec is composed of a convolution down-sampling encoder that extracts frame-level speech representations from audio waveform, an
RVQ block that discretizes the frame representation, and a convolution up-sampling decoder. The structure of coarse-grained codec is
like fine-grained codec except that it uses Delightful TTS block instead of convolution network and the number of RVQ layers is 1.

embeddings are also added as speaker prefixes in the Trans-
former decoder. It’s observed that larger LM is more stable
than smaller models in terms of naturalness or bad case ratio
like skipping phone or repeat phone issues.

2.3. Training Objectives

Codec Loss Following DeflightufITTS 2, we train the hierar-
chical audio codec with adversarial objectives.

LFCODEC = Ladv + Lrvq + Lfm + Lmrs + Lmsd + med (1)

Fine-grained codec loss contains a multi-period discrimi-
nator loss Lypq, multi-scale discriminator loss Lmgsd, together
with an adversarial loss L,q4v, a multi-resolution spectrogram
loss Lumys, a feature match loss Ly, and residual vector quanti-
zation loss L;vq with random segmented waveform.

Lccopec = Laav + qu ~+ Ltm + Linrs + Linsd + med (2)

The coarse-grained codec uses the reconstructed fine-
grained frames, goes through the frozen fine-grained speech
codec and generates a reconstructed waveform with the same
multi-period discriminator loss Ly,pq, multi-scale discrimina-
tor loss Lmsd, together with an adversarial loss Laqgy, a multi-
resolution spectrogram loss Lmys, a feature match loss Ly, and
vector quantization 108s Lyq.

Prefix Language Model Loss given an audio waveform = =
{z1, ..., z¢, }, the hierarchical codec compresses it into discrete
speech tokens as LM target, ¢ = {c1, ..., ¢t }, and a Delight-
fulTTS block is used to map phoneme sequences into linguistic

representations w = {wx, ..., wy,, }, then the speech synthesis
task can be viewed as a language model problem that trained
with cross-entropy loss.

T

Ly = —EZlogpg (ctlety ooy o1, W1,y ey Wey,)
t=1

3

Where T is the frame number and ¢,, is the length of the
phoneme sequence, 6 is the trainable parameters of the language
model.

2.4. Inference

During inference, as in Figure[3] the input phoneme sequence is
first fed into a Delightful TTS block in the prefix LM to extract
the linguistic representation, and the decoder-only transformer
autoregressively generates speech tokens conditioned on these
linguistic features and speaker embedding. Another Delight-
fulTTS block in a coarse-grained codec decoder converts the
discrete speech tokens into a frame-level weight distribution of
RVQ tokens in the fine-grained codebook, and then the cor-
responding fine-grained speech tokens are generated based on
the distribution. Finally, the fine-grained codec decoder recon-
structs the waveform based on these fine-grained speech tokens.
We apply top-p sampling to generate diverse speech.

3. Experiments

We explain the experiment dataset, training, and evaluation set-
ting for the proposed FoundationTTS with TTS and ASR met-
rics in this section.
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Figure 3: During inference, phoneme tokens are first fed into a Delightful TTS encoder to extract the linguistic representation, and
a decoder-only Transformer autoregressively generates speech tokens conditioned on these linguistic features and speaker token, we
apply top-p sampling to generate diverse speech. Finally, the audio waveform will be reconstructed by hierarchical codec decoders

based on the predicted speech tokens.

3.1. Experimental Setup

Datasets to evaluate the performance on ASR customization,
we conduct experiments on both internal Chinese shanghai di-
alect datasets and English datasets. The internal Chinese shang-
hai dialect dataset contains 600 hours of the domain-specific
corpus, the transcriptions are converted into phonemes by the
rule-based grapheme-to-phoneme module, since the transcrip-
tion contains polyphonic characters and the rule-based G2P
module cannot accurately disambiguate, the polyphonic charac-
ters are reserved as extra tokens. The English datasets contain
900 hours corpus, which consists of LibriTTS, VCTK, and in-
ternal TTS data [68169], the text goes through the standard TTS
front-end data processing process including rule-based text nor-
malization and grapheme-to-phoneme conversion. The sample
rate of the audio waveform is 16kHz.

Training Setting FoundationTTS consists of three components
that are trained one by one, firstly, the fine-grained audio codec
is trained with audio-only data. Secondly, the coarse-grained
audio codec is trained with the pre-trained fine-grained audio
codec. Finally, the prefix language model is trained with the
speech token extracted with the coarse-grained audio codec. 8x
32GB V100 GPUs are used for both hierarchical codec and pre-
fix language model training. During hierarchical codec training,
we randomly segment the waveform into chunks of 24000 sam-
ple points to speed up model convergence. Adam optimizer is
used for hierarchical codec and prefix language model train-
ing, with Radam and Lookahead optimization (70, 71]; for pre-
fix language model training, we apply a learning rate of 0.001
with exponentially decaying to 0.00005 starting from 4,000 it-
erations. The fine-grained codec contains four convolutional
layers in the encoder and decoder, and 16 residual quantizers
are applied in between. The coarse-grained contains three im-
proved conformer blocks in the encoder and decoder and one
quantizer is applied after the codec encoder. The prefix LM
contains 16 Transformer layers, and six improved conformer

blocks as phoneme encoders, with a total parameter number of
about 600M.

Evaluation Setting We evaluate the adaptation performance
FoundationTTS on two independent ASR systems, Hybrid, and
RNN-T [[72,[73] on both Chinese shanghai dialect and English
test set with word error rate (WER) metrics. We also evaluate
the synthesized audio quality of FoundationTTS and reconstruct
the quality of the hierarchical codec with both objective and
subjective metrics, subjective metrics include the mean opinion
score (MOS) of FoundationTTS and comparative mean option
score (CMOS) of codec, VISQOL [74] score of coarse-grained
audio codec and fine-grained audio codec is reported as the
objective metrics. The TTS and codec evaluation set used by
subjective and objective metrics evaluation are randomly pre-
served from the training set, and the ASR adaptation evaluation
set does not overlap with the training set.

3.2. Results
3.2.1. ASR Adaptation Performance

Hybrid ASR adaptation Table[T]shows the WER reduction on
the hybrid ASR system with FoundationTTS domain-specific
adaptation synthesized data, the baseline hybrid system is a pre-
trained Chinese shanghai dialect model, note that the baseline
model is already adapted with domain-specific data, even so,
our model still achieves a 7.09% WER reduction, the evaluation
set contains 1000 sentences.

RNN-T adaptation We conduct another FoundationTTS adap-
tation experiment on the RNN-T ASR model, for compari-
son, we also list the WER of FastSpeech adaptation. Founda-
tionTTS adaptation and FastSpeech adaptation are trained with
the same domain-specific dataset. Table[2]shows that the Foun-
dationTTS adaptation obtains 40.13% WER reduction when
compared with the RNN-T baseline, and gets 10.35% WER
reduction compared to FastSpeech adaptation, which indicates



Female Male ALL

Hybrid Baseline 9.96% 10.63% 10.29%
+FoundationTTS adaptation  8.88% 10.26%  9.56%
WERR 10.84%  3.48% 7.09%

Table 1: WERR of ASR adaptation on Shanghai Dialect test set.

that FoundationTTS can synthesize more diverse and realistic
audio than traditional non-autoregressive continuous acoustic
frames based TTS model, the evaluation set contains 1032 sen-
tences. The adaptation experiment on hybrid and RNN-T ASR
models shows that the synthesized data is robust enough for dif-
ferent ASR models which consistently achieve WER reduction.

Method WER
RNN-T Baseline 15.05%
+FastSpeech adaptation 10.05%

+FoundationTTS adaptation 9.01%

Table 2: WER Comparison of RNN-T, FastSpeech, and Founda-
tionTTS on English adaptation test set.

System MOS

FastSpeech 3.84 £ 0.09
FoundationTTS ~ 3.98 + 0.08
Recording 4.45+£0.10

Table 3: MOS Comparison of FoundationTTS vs FastSpeech
trained on 900 hours diverse corpus.

3.2.2. TTS Quality Evaluation

Subjective metrics Table [3| shows the comparison between
FoundationTTS and FastSpeech by the metrics of MOS. Foun-
dationTTS and FastSpeech are trained with the same training
data that consists of 900 hours of English corpus and more than
7000 speakers. The evaluation set contains 80 sentences, and
each sample is rated by 10 judges, Results show that Founda-
tionTTS outperforms FastSpeech in terms of naturalness.

Objective metrics of codec We report the ViSQOL score of
fine-grained codec and coarse-grained codec in Table @ The
evaluation set contains 2939 sentences. The bitrates of fine-
grained codec and coarse-grained codec are 3.42 and 0.27 re-
spectively. We can observe that VISQOL score of fine-grained
codec is +0.7 over coarse-grained codec, but coarse-grained
codec using only 7.9% bitrates compared with fine-grained
codec, higher bitrates of fine-grained codec lead to better audio
reconstruct quality and lower bitrates of coarse-grained codec
results in shorter discrete sequences, which is more suitable
for large language modeling. The combination of fine-grained
codec and coarse-grained codec balances the reconstruction
quality and modeling efficiency. Note that we have tried to
train the coarse-grained codec directly on the waveform, but the
model fails to converge. This implies that the fine-grained codec
simplifies the feature representation of the audio waveform and

makes the coarse-grained codec easier to train.

Subjective metrics of codec We also report CMOS score be-
tween audio reconstructed by fine-grained codec and recording,
as shown in table[3l The overall mean score of -0.06 indicates
that the fine-grained codec can resynthesize high-fidelity speech
waveform.

Codec Bitrate (kbps)  ViSQOL
Coarse-grained Codec  0.27 3.07
Fine-grained Codec 342 3.77

Table 4: Comparison of ViSQOL for hierarchical audio codec.

System CMOS

Codec Reconstruction vs Recording  -0.06

Table 5: CMOS for fine-grained codec reconstruction.

3.2.3. Ablation Analysis

Parameter number affects the stability and audio quality for the
language model, we trained a series of speech token language
models with different sizes ranging from 20M to 600M, which
shows that the number of parameters significantly affects the
end-to-end quality, the smallest 20M model cannot converge
at all. Larger and more diverse training data requires a bigger
model capacity, like what the GPT series model has shown in
language.

The coarse-grained codec uses one quantizer in this work.
We experiment with different quantizer numbers for the coarse-
grained codec, which shows more quantizer has more audio re-
construction quality, but one speech frame will have more token
id which is not suitable for language modeling, especially for
the nosier dataset, less quantizer coarse codec is hard to better
reconstruct the audio with high SNR or prosody varied corpus.

4. Conclusions

This paper describes FoundationTTS, a neural Text-to-Speech
system that combines a hierarchical codec network with ad-
versarial vector-quantized auto-encoders on continuous speech
frames and a language model on discrete speech tokens, pro-
viding diverse speech output with large-scale and complex real
speech dataset modeling ability without pre-designed acoustic
features like mel or linear scale spectrograms. FoundationTTS
achieves better quality than baseline systems on two ASR adap-
tation tasks. For future work, we plan to investigate a larger
dataset with LM on more challenging datasets such as multi-
speaker or multilingual datasets to explore the challenges and
the potential application for realistic speech syntheses scenar-
ios and ASR adaptation.

FoundationTTS is capable of synthesizing high-quality
speech that closely matches the naturalness and speaker similar-
ity of human speech, with diverse and smooth prosody. How-
ever, this advanced capability also comes with potential risks,
such as voice cloning of specific individuals, which could be
misused. To address these risks, we are committed to imple-
menting Microsoft Al Principles in the further development of
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