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ABSTRACT

This work proposes a hardware
architecture for HMM-based text-to-speech
synthesis system (HTS). In high speed
platforms, HTS with software core-engine
can satisfy the requirement of real-time
processing. However, in low speed

platforms, software core-engine consumes
long time-cost to complete the synthesis
process. A co-processor was designed and
integrated into HTS to accelerate the
performance of system.
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INTRODUCTION

A HTS consists two parts of training part and
synthesis part as shown in Fig. 1. In the training
part, a context-dependent HMM database is
trained from a speech database. The trained
context-dependent HMM database consists of

Speech database

models for spectrum, pitch and state duration;
and decision trees for spectrum, pitch and state
duration. Then, the trained context-dependent
HMM database is used by the synthesis part to
generate the speech waveform from the given
text.
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Fig. 1. Scheme of HTS
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In the synthesis part, the given text is
analyzed and converted into label a sequence.
According to the label sequence, an HMM
sentence is constructed by concatenating HMMs
taken form the trained HMM database. And then,
excitation and spectral parameters are extracted
from HMM sentence. The extracted excitation
and spectral parameters are fed to a synthesis
filter to synthesize speech waveform. Depending
on the fact that the spectral parameter is
presented as mel-cesptral coefficients or mel-
generalized cepstral coefficients, the synthesis
filter is constructed as an MLSA filter or an
MGLSA filter, respectively.

In recent research, HTS is applied to many
languages such as Japanese [1], English [1],
Korean [13], Arabic [14] and so on. Moreover,
thank to the small-size of the core-engine, HTS
can be implemented on various devices such as
personal computer, server and so on. On high
speed platforms such as PC, HTS with software
core-engine can satisfy the requirement of the
real-time processing. In contrast, on low speed
platforms, software core-engine consumes long
time-cost to convert text to speech, i.e., the
system does not meet real-time processing. In
order to implement an efficient HTS on low
speed platforms, speeding up the performance of
the core-engine is on demand. This work uses a
co-processor to accelerate the performance of
HTS built on FPGA-based platform.

Furthermore, the resource in low-cost system
is usually limited. So the training part of the
HTS is removed to reduce the bulkiness of the

system. As presented above, the training part and
the synthesis part are separated. Instead of
integrating the training part, an offline trained
HMM database is used.

The rest of this paper is organized as follow:
Section 2 presents the co-processor for HTS,
section 3 proposes a hardware architecture for
HTS built on FPGA-based platform. Section 4
presents the experiment for evaluating the
performance of the proposed system.

CO-PROCESSOR FOR HTS

HTS Working Group has been developing a
software core-engine for HTS (HTS-engine)
[10]. The HTS-engine provides functions to
generate speech waveform from label sequence
by using a trained context-dependent HMM
database. The process of the generating speech
waveform from label sequence can be split into
three steps as follow:

«Step 1: parsing label sequence and creating
the HMM sentence.

+Step 2: generating speech parameters from
HMM sentence.

«Step 3: generating speech waveform
(synthesized speech) from speech parameters.

The evaluation for the performance of the
HTS-engine on various platforms shows that the
time-cost for Step-1 is small, while Step-2 and
Step-3 consume about 10% and 90% of the total
time-cost, respectively [15]. The performance of
the HTS-engine on FPGA-based platform is
shown in Table 1.
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Table 1. Performance of the HTS-engine on
FPGA-based platform

FPGA device | Altera
CyclonelV
4CE115 FPGA
chip
System Nios-1l with
configuration | CPU -Floating point
hardware
-Instruction
cache: 4KB
-Data cache:
2KB
Frequency 125 MHz
Instruction SRDAM
storage
SDRAM
Data storage | Flash memory
for storing
trained HMM
database
Synthesized | 144,240 samples which
speech correspond to 3.005s of speech.
(Note: sampling rate is set as 48
KHz)
Step 1 0.25
Time-cost (s) | Step 2 2.77
Step 3 34.27

Table 1 shows that the time-cost in FPGA-
based platform is much larger than the length of
the synthesized speech (above ten times). In
order to accelerate the system performance, a co-
processor is designed to take place the HTS-
engine to carry out Step-2 and Step-3. Step-1 is
still carried out by the HTS-engine to maintain
the flexibility of the system. The architecture of
the co-processor is shown in Fig. 2.

The speech parameter generator (SPG)
carries out the processing of generating speech
parameters from means and variances of states in
the constructed HMM sentence. The detailed

architecture of the SPG is shown in Fig. 3 A. The
SPG consists of an arbiter and five sub-modules.
The arbiter communicates with the main CPU via
Avalon bus and controls the operation of the sub-
modules via an internal bus. Each sub-module
carries out its own specified task and is activated
by the arbiter. After a sub-module completes its
task, it informs the arbiter. And then, the arbiter
deactivates the sub-module.

The synthesized speech generator (SSG)
carries out the processing of generating
synthesized speech from speech parameters.
Similar to the SPG, the SSG consists of an arbiter
and several sub-modules. The arbiter
communicates with the main CPU via Avalon
bus and controls the operation of the sub-modules
via an internal bus. Each sub-module carries out
its own specified task and is activated by the
arbiter. After a sub-module completes its task, it
informs the arbiter. And then, the arbiter
deactivates the sub-module. The detailed
architecture of the SSG is shown in Fig. 3B.
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Fig. 2. Architecture of co-processor
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Fig. 3. Architecture of SPG (A) and SSG (B)

The floating point unit (FPU) is integrated
into the co-processor to support the SPG and
SSG to carry out operations in floating point
numbers. The FPU supports operations of
addition, subtraction, multiplication, division,
modulo, comparison, exponential, natural
logarithm and cosine. The FPU is shared for the
arbiters and sub-modules of the SPG and SSG. In
order to avoid the conflict, at any time, at most
one arbiter or one sub-module can use the FPU,
i.e., other arbiters and sub-modules must release
the FPU interface bus.

The internal memory stores data which are
used or created by the SPG and SSG. Similar to
the FPU, the internal memory is a shared
resource. At any time, at most one arbiter or one
sub-module can access the internal memory, i.e.,
other arbiters and sub-modules must release the
internal memory interface bus.

HARDWARE ARC HITECTURE FOR HTS

Fig. 4 shows the hardware architecture for
HTS built on FPGA-based platform, in which a
co-processor is integrated into the system to
accelerate the system peformance. The Nios-1l
CPU is the main CPU of the system. The
SDRAM is the instruction storage and data
storage of the system. The PLLs are used for
setting the clock frequency of the system. The
UART port is used for debug mode. This
architecture consists of the synthesis part of HTS
only, i.e., it does not consist of the training part.
So the proposed system need a trained context-
dependent HMM database. Since the HMM
database is saved in files, a flash memory is used
to store the HMM database so that we can use the
read only zip file system (which is supported by
Altera) to load data from the HMM database.

Trang 213



Science & Technology Development, Vol 13, No.T4-2015

Nios Il CPU

ﬂ Avalon buS -------------------------- T

Spee‘;h sw-,thes,s PR

Co-processor Floating
Point Unit

<: FPU bus :>
Speech Synthesized
Parameter Speech
Generator Generator

Internal
memory bus

Internal

Memory

G v

Input Device Flash Memory SDRAM Audio UART
Controller Interface Controller Controller controller
Device for Text Device for ﬂ
Input Flash Memory SDRAM Audio Output

Fig. 4. Hardware architecture for HTS

EXPERIMENT

The proposed system is shown in Fig. 4 on
Stratix IV FPGA development board, in which
the input text device is a touch-screen and the
audio output device is a DAC card connecting to
a speaker. The performance of the system is
shown in Table 2.

Table 2 shows that the performance time-cost
is smaller than the length of the synthesized
speech, i.e.,, the requirement of real-time
processing is met. Comparing to the system
which does not have the co-processor, the
performance time-cost is reduced significantly.
When co-processor is not used, the performance
time-cost is above ten times larger than the length
of synthesized speech. But after integrating co-
processor into the system and setting the system
configuration appropriately, the performance
time-cost can be reduced to a value smaller than
the length of the synthesized speech.

Table 2. Performance of the HTS on FPGA-
based platform with a co-processor

Input text Synthesized speech Time-
(Sampling rate =38 | Ccost
KHz) (s)
Number Length
of (s)
samples
B6 Giao duc 95040 2.501 2.462
va Dao tao
Pai hoc khoa 95040 2.501 2.428
hoc ty nhién
Pai hoc ty 74880 1.970 1.882
nhién
Thué bao vira 116640 3.069 3.040
duoc goi
khoéng lién lac
duoc
Thanh phé H) 128460 3.381| 3.375
Chi Minh
ngady mung hai
thang chin
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Moreover, the synthesized speech is
intelligible and has the same quality to the speech
which is synthesized by HTS built on PC-
platform. Denoting waveforms which generated
from the same input text by the proposed HTS
and the HTS built on PC-platform by X; and X,,
respectively.

X1 = [x11, %12, s X10]

A

X = [x21, %22, ., Xon]
where x;; and x,; with i =1,2,...,N are
samples of X; and X,, respectively.

The mean square error (MSE) between two
vectors X; and X, is calculated as the following
equation

1
MSE = ~¥IL; (g — x2:)° @)

B

Fig. 5. Waveform generated from the input text ”’b¢ gido duc va dao tao”
by proposed HTS (A) and HTS built on PC-platform (B)

Applying Eg.-1 to waveforms which are
generated from different input text, we obtain the
result in Table 3.

Table 3. Mean square error between waveforms

generated
by proposed HTS and HTS built on PC-platform
Input text MSE

B0 Giao duc va dao tao 0.034
Pai hoc khoa hoc tu nhién 0.020
Pai hoc tu nhién 0.022
Thué bao vira dugce goi 0.045
khong lién lac dugc

Thanh ph6 Ho Chi Minh 0.038

ngay mung hai thang chin

Table 3 shows that the MSEs between
waveforms generated by two systems are smaller
than 4.5 %, i.e., waveforms generated from the
two systems are alike.

CONCLUSION

An efficient hardware architecture for HTS
built on FPGA-based platform was proposed by
this work. In the proposed architecture, a co-
processor is used to accelerate the performance of
the system. The experiment results show that
using a co-processor can reduce the performance
time-cost significantly. It leads the system
meeting the requirement of real-time processing.
Moreover, the speech synthesized by the
proposed system is intelligible and has a
waveform alike to the one which is generated by
the HTS built on PC-platform.
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MGt kién trdc phan cieng hiéu qua cho
hé thdng TTS trén co s&@ HMM

« Su Hong Kiét
e Huynh Hiru Thuan
e Bui Trong Tu

Trwdng Pai hoc Khoa hoc Ty nhién, PHQG-HCM

TOM TAT

Bai bdo nay dé xuét moét kién tric phén
ctrng cho hé théng téng hop tiéng ndi tir vén
ban trén co s& HMM (HTS). Trén nhing nén
tédng cé6 téc dé cao, hé théng HTS véi engine
téng hop duoc xay dung bang phan mém cé
thé théa man yéu céu vé xi ly thoi gian

thure. Tuy nhién, trén nhitng nén téng cé toc
do thap, engine bang phdn mém tén nhiéu
thoi gian dé hoan tét qué trinh téng hop. Do
dé, moét bé dbéng xwr ly (co-processor) da
duoc thiét ké va tich hop vao hé théng HTS
nham gia tdng hiéu ndng cua hé théng.

Twr khéa: text-to-speech synthesis, HMM, HTS, SoPC, FPGA.
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