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460

Receive first audio data of a first utterance of one or more first
terms spoken by a user 410

Provide the first audio data as an input {0 a2 model that is

configured 1o recsive first given audio data of a first given

utterance of one or more first given terms spoken in a first
voice and output second given audio data of 3 second given

uiterance of the one or more first given terms spoken in a
synthasized voice without performing spesech recognition on
the first given audio data 490

in response o providing the first audio data as an input {o the
model, receive second audio data of a second ulterance of
the one or more first terms spoken in the synthesized voice
430

Provide, for culput, the second audio data of the second
ulterance of the one or more first terms spoken in the
synthesized voice 444

FIG. 4
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END-TO-END SPEECH CONVERSION

CROSS-REFERENCE TO RELATED
APPLICATION

[0001] This application claims the benefit of U.S. Appli-
cation 62/808,627, filed Feb. 21, 2019, which is incorpo-
rated by reference.

TECHNICAL FIELD

[0002] This specification generally relates to speech pro-
cessing.

BACKGROUND
[0003] Speech processing is the study of speech signals

and the processing methods of signals. The signals are
usually processed in a digital representation, so speech
processing can be regarded as a special case of digital signal
processing, applied to speech signals. Aspects of speech
processing includes the acquisition, manipulation, storage,
transfer and output of speech signals.

SUMMARY

[0004] Speech synthesizers typically require a transcrip-
tion as an input. A speech synthesizer receives a transcrip-
tion and outputs audio data of a synthesized utterance of the
transcription. In order to convert a user’s speech to a
synthesized utterance, an automated speech recognizer
would have to perform automated speech recognition on the
audio data of the user’s speech to generate a transcription of
the user’s speech. The speech synthesizer would then gen-
erate a synthesized utterance of the transcription of the
user’s speech.

[0005] This technique of performing automated speech
recognition and speech synthesis may be taxing on a com-
puting system. It would be beneficial to have a process that
is capable of converting speech audio received from a user
to speech audio in a voice other than the voice of the user
without the need to perform automated speech recognition
on the user’s speech. The discussion below describes a
process of using a model trained using machine learning to
convert speech audio in the voice of a speaker to speech
audio in a different voice without performing speech recog-
nition. The model receives the speech audio spoken by the
speaker and converts the speech audio to a mathematical
representation. The model converts the mathematical repre-
sentation to speech audio in a different voice without per-
forming speech recognition on the speech audio spoken by
the speaker.

[0006] In some implementations, a speech synthesis sys-
tem is able to convert first audio data including an utterance
in a first voice into second audio data that includes the same
utterance in a second voice. The conversion can be done by
acting directly on samples or features of the first audio data,
without converting the audio to an intermediate representa-
tion (e.g., text, phones, etc.). The system can use a sequence-
to-sequence to normalize arbitrary speech, potentially
including background noise, and generate the same content
in the voice of a single predefined target speaker. The source
speech can be from any speaker or accent, and may contain
complex prosodic patterns, imperfections, and background
noise, all of which are removed through the normalization
process as the first audio data is converted into clean second
audio data with a fixed accent and consistent articulation and

Apr. 21, 2022

prosody. In other words, the system may be used to project
away all non-linguistic information, including speaker char-
acteristics, and to retain only what is been said, not who,
how, or where it is said.

[0007] This type of normalization has multiple potential
applications. Fully normalizing any voice to a single speaker
with clean audio could significantly simplify speech recog-
nition models, which could be reduced to supporting a single
speaker. Removing the identity of the speaker might be
useful when logging sensitive and private speech data,
allowing users to transmit only converted speech to servers
erased of ‘acoustic’ identity. Reducing all accents into a
single voice with a predefined accent may also alleviate
biases and discrimination while maintaining a natural human
voice as opposed to acoustically masked audio, for example,
for phone interviews or recorded candidate talks given to
hiring committees. Another application would be to facili-
tate the understanding of speech content of accents that are
foreign to the listener, i.e. improving intelligibility of heav-
ily accented speech.

[0008] According to an innovative aspect of the subject
matter described in this application, a method for end to end
speech conversion includes the actions of receiving, by a
computing device, first audio data of a first utterance of one
or more first terms spoken by a user; providing, by the
computing device, the first audio data as an input to a model
that is configured to receive first given audio data of a first
given utterance of one or more first given terms spoken in a
first voice and output second given audio data of a second
given utterance of the one or more first given terms spoken
in a synthesized voice without performing speech recogni-
tion on the first given audio data; in response to providing
the first audio data as an input to the model, receiving, by the
computing device, second audio data of a second utterance
of the one or more first terms spoken in the synthesized
voice; and providing, for output by the computing device,
the second audio data of the second utterance of the one or
more first terms spoken in the synthesized voice.

[0009] These and other implementations can each option-
ally include one or more of the following features. The
actions further include receiving, by the computing device,
data indicating that a bot that is configured to conduct
conversations with a given human is not configured to
generate a response to a third utterance received from a
human; and, based on receiving the data indicating that the
bot is not configured to generate the response to the third
utterance received from the human, transmitting, by the
computing device and to a human operator, a request to
respond to the third utterance received from the human. The
action of receiving the first audio data of the first utterance
of the one or more first terms spoken by the user includes
receiving the first audio data of the first utterance of the one
or more first terms spoken by the human operator in
response to the third utterance. The action of receiving the
first audio data of the first utterance of the one or more first
terms spoken by the user includes receiving the first audio
data of the first utterance of the one or more first terms
spoken by the user while answering a telephone call.

[0010] The actions further include receiving audio data of
collection of utterances; obtaining a transcription of each
utterance in the collection of utterances; providing the
transcriptions of each utterance as an input to a text to
speech model; receiving, for each transcription of each
utterance, audio data of an additional collection of utterances
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in a synthesized voice; and training the model using the
audio data of the collection of utterances and the audio data
of an additional collection of utterances in a synthesized
voice. The actions further include receiving, by the com-
puting device, third audio data of a third utterance of one or
more third terms spoken by an additional user; providing, by
the computing device, the third audio data as an input to the
model; in response to providing the third audio data as an
input to the model, receiving, by the computing device,
fourth audio data of a fourth utterance of the one or more
third terms spoken in the synthesized voice; and providing,
for output by the computing device, the fourth audio data of
the fourth utterance of the one or more third terms spoken in
the synthesized voice. The actions further include bypassing,
by the computing device, obtaining a transcription of the
first utterance. The model is configured to adjust a time
period between each of the one or more first given terms.
The model is configured to adjust a speaking time of each of
the one or more first given terms.

[0011] Other implementations of this aspect include cor-
responding systems, apparatus, and computer programs
recorded on computer storage devices, each configured to
perform the operations of the methods.

[0012] Particular implementations of the subject matter
described in this specification can be implemented so as to
realize one or more of the following advantages. A comput-
ing system is able to receive audio data of an utterance
spoken in a voice of a user and output audio data of a
synthesized utterance spoken in a synthesized voice without
the added overhead of performing automated speech recog-
nition on the received audio data.

[0013] The details of one or more implementations of the
subject matter described in this specification are set forth in
the accompanying drawings and the description below.
Other features, aspects, and advantages of the subject matter
will become apparent from the description, the drawings,
and the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0014] FIG. 1 illustrates an example system that converts
speech audio received from a user to synthesized speech
audio without performing speech recognition.

[0015] FIG. 2 illustrates an example system that converts
speech audio received from an operator who is interrupting
a conversation between an automated bot and a user to
speech audio that imitates the automated bot.

[0016] FIG. 3 illustrates an example system that converts
speech audio received from a callee screening a call to
speech audio that prevents the caller from determining that
the callee answered the call.

[0017] FIG. 4 is a flowchart of an example process for
converting speech audio received from a user to synthesized
speech audio without performing speech recognition.
[0018] FIG. 5 illustrates an example network architecture
of a system that converts speech audio received from a user
to synthesized speech audio that has a higher pitch and faster
speaking rate than the user without performing speech
recognition

[0019] FIG. 6 is an example of a computing device and a
mobile computing device.

[0020] Like reference numbers and designations in the
various drawings indicate like elements.

Apr. 21, 2022

DETAILED DESCRIPTION

[0021] FIG. 1 illustrates an example system 100 that
converts speech audio 102 received from a user 104 to
synthesized speech audio 106 without performing speech
recognition. Briefly, and as described in more detail below,
the user 104, who speaks with a British accent speaks the
utterance 108 in the vicinity of the computing device 110.
The computing device 110 transmits the audio data 102 of
the utterance 108 to the speech to speech conversion server
112. The speech to speech conversion server 112 converts
the audio data 102 of the utterance 108 to audio data 106 of
a synthesized utterance 114. The speech to speech conver-
sion server 112 transmits the audio data 106 of the synthe-
sized utterance 114 to computing device 116, and the com-
puting device 116 outputs the synthesized utterance 114. In
some implementations, the functionality of the end to end
speech conversion server 112 is built into the computing
device 110 or the computing device 116 or both.

[0022] In more detail, the user 104 and the user 118 are
speaking with each other through computing device 110 and
computing device 116. The user 104 and the user 118 may
be speaking over a telephone call or another type of voice
communication protocol, for example, voice over internet
protocol. While the user 104 and the user 118 may speak the
same language, it may be difficult for user 118 to understand
user 104 because user 104 has a thick accent. In this
example, the user 104 may be British, and the user 118 may
have an easier time understanding an American accent 120
than the British accent 122 of user 104.

[0023] To address this problem, the computing device 110
may provide audio data 102 of the utterance 108 and other
utterances spoken by the user 104 to the speech to speech
conversion server 112. The speech to speech conversion
server 112 may be configured to convert audio data of an
utterance spoken by a user who may speak with an accent
into audio data of a synthesized utterance that may have a
different accent. To accomplish this conversion, a server
would typically be configured to perform speech recognition
on the audio data of the utterance spoken by the user with the
accent. The speech recognizer may be configured to recog-
nize speech spoken in the accent of the user or may be
configured to recognize speech spoken in any accent. The
server would then provide the transcription to a speech
synthesizer that would generate audio data of synthesized
speech with a different accent. The speech to speech con-
version server 112 operates in a different manner.

[0024] The speech to speech conversion server 112
receives the audio data 102 of the utterance 108 from the
computing device 110 and provides the audio data 102 of the
utterance 108 to the model 124. The speech to speech
conversion server 112 trains the model 124 to convert the
audio data 102 of the utterance 108 spoken in a British
accent 122 to audio data 106 of the synthesized utterance
114 in an American accent 120. The speech to speech
conversion server 112 does not use a speech recognizer 126
to perform this conversion. The speech recognizer 126 may
remain inactive during the conversion process. Instead, the
model 124 provides the audio data 102 of the utterance 108
to an encoder 128. The encoder 128 may be configured to
convert the audio data 102 of the utterance 108 to an internal
representation, such as a series of vectors. For example, as
the encoder 128 receives the audio data 102 of the utterance
108, the encoder 128 may process five frames of audio and
convert those five frames of audio to ten vectors. The vectors
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are not a transcription of the frames of audio data 102, but
rather a mathematical representation of the frames of the
audio data 102. The model 124 provides the series of vectors
to the spectrogram decoder 130. The spectrogram decoder
130 may be configured to generate audio data of a synthe-
sized utterance based on the vectors received from the
encoder 128. For example, the spectrogram decoder 130
may receive the ten vectors from the encoder 128 that
represent the five frames of audio. The spectrogram decoder
130 generates five frames of audio data 106 of the synthe-
sized utterance 114 that includes the same words or parts of
words as the five frames of audio data, but with a different
voice than the user 104.

[0025] The speech to speech conversion server 112 pro-
vides the audio data 106 of the synthesized utterance 114 to
the computing device 116. In the example shown in FIG. 1,
the speech to speech conversion server 112 provides audio
data 106 of the synthesized utterance of “Can I make an
appointment for tomorrow?” The synthesized utterance 114
may have an American accent 120. In some implementa-
tions, the synthesized utterance 114 may have the same
accent of the user 104 and a different voice than the user 104.
The voice of the synthesized utterance 114 may be such that
the user 118 or another user would be unable to identify the
user 104 as the speaker of the utterance 108. In some
implementations, the cadence of the synthesized utterance
114 may be different than the cadence of utterance 108. The
speech to speech conversion server 112 may adjust the
cadence of the synthesized utterance 114 to increase the
likelihood that the user 118 would be able to understand the
synthesized utterance 114.

[0026] The computing device 116 receives the audio data
106 of the synthesized utterance 114 and outputs the audio
data 106 through a speaker or other audio output device. In
some implementations, the speech to speech conversion
server 112 continuously generates portions of the synthe-
sized utterance 114 as the user 104 speaks the corresponding
portions of the utterance 108. For example, the speech to
speech conversion server 112 may generate one second of
the synthesized utterance 114 after receiving one second of
the utterance 108. By continuously generating portions of
the synthesized utterance 114, the conversation between user
104 and 118 may be more naturally paced. In some imple-
mentations, the speech to speech conversion server 112 may
determine when the user 104 has stopped speaking. After
determining that the user 104 has stopped speaking, the
speech to speech conversion server 112 converts the audio
data 102 of the utterance 108 to the audio data 106 of the
synthesized utterance 114.

[0027] The speech to speech conversion server 112
includes various components to generate the training data
and to train the model 124. The speech to speech conversion
server 112 includes transcriptions of utterances 132 and
audio data of the utterances 134. The utterances may be
utterances spoken by different users with different types of
accents. In some implementations, the transcriptions of
utterances 132 are generated by an automated speech rec-
ognizer. The speaker of each utterance may verify the
accuracy of the transcription before the transcription is
stored in the transcriptions of utterances 132 and the audio
data is stored in the audio data of the utterances 134. In some
implementations, the transcriptions of utterances 132 are
generated by one or more people.

Apr. 21, 2022

[0028] The speech to speech conversion server 112 pro-
vides the transcriptions of utterances 132 to a speech syn-
thesizer 136. The speech synthesizer is configured to gen-
erate audio data of synthesized utterances 138 of the
transcriptions 132. The speech synthesizer may be config-
ured to generate the audio data of synthesized utterances 138
in a single voice. The voice may have a particular accent
such as an American accent or a British accent. The audio
data of synthesized utterances 138 may be free of any
background noise or other audio artifacts.

[0029] The speech to speech conversion server 112 pro-
vides the audio data of synthesized utterances 138 and the
audio data of utterances 134 to the model trainer 140. The
model trainer 140 trains the model 124 using machine
learning techniques. The model trainer 140 trains the model
124 to receive audio data similar to the audio data of
utterances 134 and output audio data similar to the audio
data of synthesized utterances 138 without performing
speech recognition on the received audio data. The model
trainer 140 trains the model 124 to output utterances in the
same voice as the synthesized utterances from the speech
synthesizer 136 even when the model 124 receives different
inputs that include audio data of different utterances in
different voices.

[0030] In some implementations, the speech to speech
conversion server 112 may use audio data of utterances 134
that include different audio characteristics. This may result
in a model 124 that is configured to handle an input of audio
data that has those different characteristics. In some imple-
mentations, the speech to speech conversion server 112 may
add audio characteristics to the audio data of utterances 134
so that the model trainer 140 trains the model 124 to handle
audio characteristics similar to the added audio characteris-
tics.

[0031] For example, the speech to speech conversion
server 112 may add varying levels of noise to the audio data
of utterances 134. The varying levels of noise can include
different types of noise such as stationary noise and/or
non-stationary noise. The stationary noise can include vary-
ing levels of road noise, varying levels of background
speech noise similar to a cocktail party or restaurant, varying
levels of fan noise, and/or any other similar type of noise.
The non-stationary noise can include varying levels of
television noise, varying levels of wind gust noise, varying
levels of background music noise, and/or any other similar
type of noise. The speech to speech conversion server 112
may add different levels and different types of noise to audio
data of the same utterance. This may result in multiple audio
data samples that match a same transcription with each
audio data sample including the same underlying utterance
audio data with different levels and different types of noise
added. With the addition of noise, the model 124 may be
better configured to process received audio data that include
background noise in addition to the audio data of the
utterance.

[0032] As another example, the speech to speech conver-
sion server 112 may process audio data of utterances 134
from users who may have speech impediments that cause the
use to speak with disfluencies, such as those users with
amyotrophic lateral sclerosis. The model trainer 140 may
train the model 124 using audio data of utterances from users
with speech impediments and transcriptions of the utter-
ances so that the model 124 is able to receive audio data of
an utterance spoken by a user with a speech impediment and
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output audio data of an utterance with a more consistent
cadence that may be easier for another user to understand.
[0033] As another example, the speech to speech conver-
sion server 112 may be configured to translate an utterance
into a different language without transcribing the utterance.
In this instance, the audio data of the utterances 134 may
include utterances spoken in a first language, such as Eng-
lish. The transcriptions of the utterances 132 may include a
transcription of the translation of the utterance in a second
language, such as a Spanish translation. The speech synthe-
sizer 136 may be configured to generate synthesized speech
in the second language, such as synthesized Spanish utter-
ances. The model trainer 140 trains the model 124 using the
audio data of the utterances 134 in the first language and the
audio data of the synthesized utterances 138 in the second
language using machine learning. The resulting model 124
is configured to receive audio data of an utterance in a first
language, e.g., English, and output audio data of a synthe-
sized utterances in a second language, e.g., Spanish without
transcribing the received utterance.

[0034] FIG. 2 illustrates an example system 200 that
converts speech audio 202 received from an operator 204
who is interrupting a conversation between an automated
agent 206 and a user 208 to speech audio 210 that imitates
the automated agent 206. Briefly, and as described in more
detail below, the user 208 is conducting a conversation with
the automated agent 206. During the conversation, the user
208 speaks an utterance 212 to which the automated agent
206 is unable to respond. The operator 204 receives an
indication that the automated agent 206 is unable to respond
to the utterance 212. The operator 204 provides an utterance
214 to respond to the utterance 212. The speech to speech
conversion server 216 converts the speech audio 202 of the
utterance 214 to the voice of the automated agent 206 so that
the user 208 is under the impression that the user 208 is still
conversing with the same party. In some implementations,
the functionality of the automated agent 206 is built into the
computing device 220 or the computing device 234 or both.
In some implementations, the functionality of the end to end
speech conversion server 216 is built into the computing
device 220 or the computing device 234 or both.

[0035] In more detail and in stage A, the user 208 initiates
a telephone conversation with the automated agent 206. The
computing device 220 connects with the automated agent
206. The user speaks utterance 218 and asks the automated
agent, “Can I reserve a table for two.” The automated agent
206 may imitate a person such that the user 208 is unable to
distinguish the automated agent 206 from an actual person.
In some implementations, the automated agent 206 may
initiate the telephone conversation with the user 208. In
some implementations, the conversation between the user
208 and the automated agent 206 may be a communication
channel other than a telephone call such as a VOIP call or
other type of voice communication.

[0036] In stage B, the computing device 220 detects the
utterance 218 through a microphone or another input device
and processes the audio data of the utterance 218 using an
audio subsystem. The audio subsystem may include the
microphone, an analog to digital converter, a buffer, and
various other audio filters. The microphone may be config-
ured to detect sounds in the surrounding area such as speech,
e.g., the utterance 218. The analog to digital converter may
be configured to sample the audio data detected by the
microphone. The buffer may store the sampled audio data
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for processing by the computing device 220 or for trans-
mission by the computing device 220. In some implemen-
tations, the audio subsystem may be continuously active or
may be active during times when the computing device 220
is expecting to receive audio such as during a telephone call.
In this case, the microphone may be detect audio in response
to the initiation of the telephone call with the automated
agent 206. The analog to digital converter may be constantly
sampling the detected audio data during the telephone call.
The buffer may store the latest sampled audio data such as
the last ten seconds of sound. The computing device 220
may provide the sampled and filtered audio data 222 of the
utterance 218 to the automated agent 206.

[0037] The automated agent 206 receives the audio data
222 of the utterance 218 and determines an appropriate
response. The automated agent 206 may apply a series of
rules, decision trees, neural network, and/or another decision
process to determine an appropriate response. The auto-
mated agent 206 may generate a transcription of an appro-
priate response and provide the transcription to a speech
synthesizer. In stage C, the speech synthesizer may generate
audio data 224 that represents the utterance 226, “For
tonight?” as a response to “Can I reserve a table for two?”
While a speech synthesizer may generate the utterance 226,
the user 208 may be unable to determine that the user 208
is speaking to a computer.

[0038] In stage D, the computing device 226 receives the
audio data 224 of the utterance 226. The computing device
226 outputs the audio data 224 through a speaker or other
type of audio output device. The user 208 hears the utterance
226 in the synthesized voice 228.

[0039] In stage E, the user 208 responds to the utterance
226 by speaking utterance 212, “I have to watch the game
tonight. Did you know that Smith is playing?” The comput-
ing device 220 detects the utterance 226 and processes the
utterance 226 using the audio subsystem. In stage F, the
computing device 220 provides the audio data 230 of the
utterance 212 to the automated agent 206.

[0040] The automated agent 206 receives the audio data
230 of the utterance 212. The automated agent 206 processes
the audio data 230 of the utterance 212 in a similar fashion
to processing the audio data 222 of the utterance 218. The
automated agent 206 may apply a series of rules, decision
trees, neural network, and/or another decision process to
determine an appropriate response to the utterance 212. In
this instance, the automated agent 206 is unable to determine
an appropriate response. The automated agent 206 may be
unable to determine an appropriate response to a user
utterance in instances where the user utterance is off topic
from the conversation.

[0041] In order to continue the conversation, the auto-
mated agent 206 may notify an operator 204 who is standing
by to assist when the automated agent 206 or other auto-
mated agents are unable to generate an appropriate response
to a user utterance 212. In stage G, the automated agent 206
generates a summary 232 of the conversation between the
automated agent 206 and the user 208. The summary 232
may consist of a transcript of the conversation up to the point
where the automated agent 206 was unable to generate
appropriate response to a user utterance 212. Alternatively or
additionally, the summary 232 may consist of a description
of any tasks accomplished as a result of the conversation or
agreements made between the automated agent 206 and the
user 208. In the example of FIG. 2, the summary 232
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consists of a transcript of the conversation between the
automated agent 206 and the user 212. The automated agent
206 may also include the status 236 of the conversation. The
status 236 may describe the task that the automated agent
206 was unable to perform. The status 236 may indicate that
the automated agent 206 was unable to perform speech
recognition on the audio data 230 of the utterance 212. In
that case, the summary 232 would include the audio data 230
of the utterance 212. The status 236 may indicate that the
automated agent was unable to generate a response to the
utterance 212.

[0042] In stage H, the computing device 234 of the opera-
tor 204 receives the summary 232 and the status 236. The
operator 204 reviews the summary 232 and the status 236.
The operator 204 speaks utterance 214 as a response to the
utterance 238 of the user 208 and an attempt to steer the
conversation back to the original topic or to a topic that that
automated agent 206 is likely to understand. The computing
device 234 detects the utterance 214 and processes the
utterance 214 using an audio subsystem in a similar fashion
to the computing device 220 processing utterance 212 and
utterance 218. In the example shown in FIG. 2, the user 204
speaks,” I didn’t. It should be exciting. What day did you
want the reservation?”

[0043] In stage I, the computing device 234 transmits the
audio data 202 of the utterance 214 to the speech to speech
conversion server 216. The speech to speech conversion
server 216 may be similar to the speech to speech conversion
server 112 in that the speech to speech conversion server 216
is configured to receive audio data of an utterance spoken in
a first voice and output audio data of an utterance that
includes the same words and terms spoken in a second,
different voice without performing speech recognition on the
audio data of the utterance spoken in the first voice. The
speech to speech conversion server 216 may be configured
to generate audio data of utterances in the same synthesized
voice 228 as the automated agent 206.

[0044] In stage J, the speech to speech conversion server
216 converts the audio data of utterance 214 to the audio
data 210 of utterance 238. The speech to speech conversion
server 216 transmits the audio data 210 of utterance 238 to
the computing device 220. In some implementations, the
speech to speech conversion server 216 transmits the audio
data 210 of utterance 238 to the computing device 234. The
computing device 234 then transmits the audio data 210 of
utterance 238 to the automated agent 206. The automated
agent transmits the audio data 210 of utterance 238 to the
computing device 220. In some implementations, the speech
to speech conversion server 216 transmits the audio data 210
of utterance 238 to the automated agent 206. The automated
agent transmits the audio data 210 of utterance 238 to the
computing device 220. In some implementations, the com-
puting device 234 provides a transcription of the utterance
214 to the automated agent 206 so the automated agent
remains aware of the content of the conversation with the
user 208. The automated agent 206 may use the transcription
of the utterance 214 to update the model and/or rules used
by the automated agent 206 to generate responses.

[0045] In stage K, the computing device 220 outputs the
utterance 238 through a speaker or another type of audio
output device. The user 208 hears the utterance 238 and
because the utterance 238 is in the same synthesized voice
228 as the utterance 226, the user 208 is unaware that
another party is participating in the conversation. The user
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208 may respond to the utterance 238 by speaking a new
utterance. The operator 204 may continue to monitor the
conversation to ensure that the automated agent 206 is able
to seamlessly take over the conversation. If necessary, the
operator 204 can continue to speak with the user 208 through
the speech to speech conversion server 216 for the remain-
der of the conversation or for a portion of the remaining
conversation. During the conversation, the user 208 may be
under the impression that the user 208 is speaking to the
same real person.

[0046] FIG. 3 illustrates an example system 300 that
converts speech audio 302 received from a callee 304
screening a call to speech audio 306 that prevents the caller
308 from determining that the callee 304 answered the call.
Briefly, and as described in more detail below, the caller 308
places a telephone call to the callee 304. The callee 304 may
be unsure about taking the call, but instead of letting the call
g0 to voicemail, the callee 304 answers and screens the call.
The callee 304 may use a call screening feature of the
computing device 210 that accesses a speech to speech
conversion server 312. The speech to speech conversion
server 312 converts the audio data 302 of the utterance 314
spoken in the callee’s voice to audio data 306 of the
synthesized utterance 316 spoken in a general voice. The
caller 308 answers the screening question unaware that the
callee 304, and perhaps an actual person, answered the call.
In some implementations, the functionality of the end to end
speech conversion server 312 is built into the computing
device 310 or the computing device 318 or both.

[0047] In more detail and in stage A, the caller 308, Alice,
initiates a telephone call with the callee 304, Bob. The
computing device 310 indicates that the computing device
310 is receiving an incoming call by outputting a notification
311. Instead of a telephone call, the caller 308 may initiate
a voice communication over an alternate type of communi-
cation channel such as VOIP or similar type of voice
communication. The caller 308 may initiate the telephone
call from computing device 318. The computing device 310
of the callee 304 indicates that the callee 304 is receiving a
telephone call. The computing device 310 may give the
callee 304 the option of answering the telephone call
directly, ignoring the telephone call, sending the telephone
call to voicemail, or initiating call screening.

[0048] Instage B, the callee 304 initiates the call screening
option. Upon selection of the call screening option, the
computing device 310 initiates communication with the
speech to speech conversion server 312. The computing
device 310 indicates that the computing device 310 will send
the speech to speech conversion server 312 audio data for
conversion to another voice.

[0049] Instage C, the callee 304 speaks utterance 314. The
computing device 310 detects the utterance 314 through a
microphone or another type of audio input device and
processes the audio data using an audio subsystem. The
audio subsystem may include the microphone, an analog to
digital converter, a buffer, and various other audio filters.
The microphone may be configured to detect sounds in the
surrounding area such as speech, e.g., the utterance 314. The
analog to digital converter may be configured to sample the
audio data detected by the microphone. The buffer may store
the sampled audio data for processing by the computing
device 310 or for transmission by the computing device 310.
In some implementations, the audio subsystem may be
continuously active or may be active during times when the
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computing device 310 is expecting to receive audio such as
during a telephone call. In this case, the microphone may be
detect audio in response to the initiation of the call screening
option. The analog to digital converter may be constantly
sampling the detected audio data during the telephone call.
The buffer may store the latest sampled audio data such as
the last ten seconds of sound. The computing device 310
may provide the sampled and filtered audio data 302 of the
utterance 314 to the speech to speech conversion server 312
in stage D.

[0050] The speech to speech conversion server 312
receives the audio data 302 of the utterance 314 spoken by
the callee 304 from the computing device 310. In some
implementations, the computing device 310 provides
instructions to the speech to speech conversion server 312 to
convert the audio data 302 of the utterance 314 spoken by
the callee 304 to an utterance spoken in a different voice. In
some implementations, the computing device 310 provides
instructions for where the speech to speech conversion
server 312 should send the audio data 306 of the synthesized
utterance 316 spoken in the different voice. For example, the
computing device 310 may provide a phone number or a
device identifier for computing device 318 and instructions
to transmit the audio data 306 of the synthesized utterance
316 spoken in the different voice. In some implementations,
the computing device 310 may provide instructions to the
speech to speech conversion server 312 to transmit the audio
data 306 of the synthesized utterance 316 spoken in the
different voice back to the computing device 310 so that the
computing device can transmit the audio data 306 of the
synthesized utterance 316 spoken in the different voice to the
computing device 318.

[0051] In stage E, the speech to speech conversion server
312 generates the audio data 306 of the synthesized utter-
ance 316 spoken in the different voice that the voice of the
callee 304. The speech to speech conversion server 312 may
be similar to the speech to speech conversion server 112 in
that the speech to speech conversion server 312 is config-
ured to receive audio data of an utterance spoken in a first
voice and output audio data of an utterance that includes the
same words and terms spoken in a second, different voice
without performing speech recognition on the audio data of
the utterance spoken in the first voice. In this example, the
speech to speech conversion server 312 receives audio data
302 of utterance 314 spoken in the voice of the callee 304.
The speech to speech conversion server 312 provides the
audio data 302 of utterance 314 spoken in the voice of the
callee 304 to a model that generates, without performing
speech recognition on the audio data 302, the audio data 306
of the utterance 316 spoken in a general voice that sounds
like an actual person and does not sound like the callee 304.
The speech to speech conversion server 312 provides the
audio data 306 of the utterance 316 to the computing device
318. In some implementations, the speech to speech con-
version server 312 provides the audio data 306 of the
utterance 316 to the computing device 310 and the comput-
ing device 310 provides the audio data 306 of the utterance
316 to the computing device 318

[0052] In stage F, the computing device 318 outputs the
audio data 306 of the utterance 316 through a speaker or
other audio output device of the computing device 318. The
utterance 316 is not in the voice of the callee 304 but rather
in a different general voice that sounds like an actual person
and does not sound like the callee 304. In the example of
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FIG. 3, the caller 308 hears, “Please state your name and the
purpose of your call” in a voice that does not sound like the
callee 304. The caller 308 may be under the impression that
the caller 308 is conversing with a secretary or assistant of
the callee 304.

[0053] In stage G, the caller 308 responds to utterance 316
by speaking utterance 320. The utterance 320 is detected by
a microphone or other audio input device of the computing
device 318. An audio subsystem of the computing device
318 processes the utterance 320. In the example of FIG. 3,
the caller 308 says, “This is Alice. I’m calling to schedule a
meeting with Bob.”

[0054] In stage H, the computing device 318 transmits the
audio data 322 of the utterance 320 to the computing device
310. The call screening feature of this example may work in
one direction. In other words, with the call screening feature
disguises the voice of the callee 304 who activated the call
screening feature. The voice of the caller 308 remains
unchanged.

[0055] In stage I, the computing device 310 outputs the
audio data 322 of the utterance 320 through a speaker or
other audio output device of the computing device 310. The
utterance 320 is in the voice of the caller 308. The callee 304
hears, “This is Alice. I’m calling to schedule a meeting with
Bob” in the voice of the caller 308.

[0056] In stage J and with call screening still active, the
callee 304 speaks utterance 326. The utterance 326 is
detected by the microphone or other audio input device of
the computing device 310. The audio subsystem of the
computing device 310 processes the utterance 326. In the
example of FIG. 3, the callee 304 says, “One moment.”
[0057] In stage K and with call screening still active, the
computing device 310 transmits the audio data 328 of the
utterance 326 to the speech to speech conversion server 312.
The speech to speech conversion server 312 provides the
audio data 328 of the utterance 326 to the same model as in
stage D. The model generates the audio data 330 of the
utterance 332 in a voice other than the voice of the callee
304. In some implementations, the voice of the utterance
332 is the same as the voice of the utterance 316. The speech
to speech conversion server 312 generates the audio data
330 of the utterance 332 without performing speech recog-
nition on the audio data 328.

[0058] In stage L, the speech to speech conversion server
212 provides the audio data 330 of the utterance 332 to the
computing device 318. In some implementations, the speech
to speech conversion server 312 provides the audio data 330
of the utterance 332 to the computing device 310 and the
computing device 310 provides the audio data 330 of the
utterance 332 to the computing device 318.

[0059] In stage M, the computing device 318 outputs the
audio data 330 of the utterance 332 through the speaker or
other audio output device of the computing device 318. The
utterance 332 is not in the voice of the callee 304 but rather
in the same general voice as the utterance 316 or another
voice that sounds like an actual person. In the example of
FIG. 3, the caller 308 hears, “One moment” in a voice that
does not sound like the callee 304. The caller 308 may
continue to be under the impression that the caller 308 is
conversing with a secretary or assistant of the callee 304.
[0060] Instage N, the callee 304 speaks utterance 334. The
utterance 334 is detected by the microphone or other audio
input device of the computing device 310. The audio sub-
system of the computing device 310 processes the utterance
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334. In the example of FIG. 3, the callee 304 says, “Hi Alice.
This is Bob.” Before speaking the utterance 334, the callee
304 may deactivate the call screening mode of the comput-
ing device 310. The callee 304 may deactivate the call
screening mode anytime during execution of stages K, L, or
M and before stage N. By deactivating call screening mode,
the computing device 310 returns to transmitting audio data
of utterances spoken by the callee 304 to the computing
device 318 instead of transmitting audio data of utterances
spoken by the callee 304 to the speech to speech conversion
sever 312. In some implementations, the computing device
310 provides an indication to the speech to speech conver-
sion sever 312 that the computing device 310 will not
transmit audio data of subsequently received utterances to
the speech to speech conversion sever 312 for converting to
a different voice.

[0061] In stage O and with call screening inactive, the
computing device 310 transmits the audio data 336 to the
computing device 318. This audio data transmission may be
similar to an audio data transmission that happens during a
typical voice conversation between two users using com-
puting devices similar to computing device 310 and com-
puting device 318.

[0062] In stage P, the computing device 318 outputs the
utterance 338 through the speaker or other audio output
device of the computing device 318. In the example of FIG.
3, the computing device 318 outputs the utterance 338, “Hi
Alice. This is Bob.” The voice of the utterance 338 is the
voice of the callee 304. The caller 308 is likely under the
impression that the person who screened the call transferred
the call to the callee 304 and that the caller 308 was not
speaking with the callee 304 during the entire call.

[0063] FIG. 4 is a flowchart of an example process 400 for
converting speech audio received from a user to synthesized
speech audio without performing speech recognition. In
general, the process 400 receives audio data of an utterance
that is spoken by a user. The process 400 converts the audio
data of the utterance to audio data of another utterance in a
different voice by applying the audio data of the utterance to
a model. The different voice is a synthesized voice that
sounds like an actual person. A person listening to the other
utterance in the different voice may not realize that the
original user spoke the utterance before conversion to the
different voice. The process 400 generates the audio data of
the other utterance in the different voice without performing
speech recognition on the received audio data. The process
400 outputs the audio data of the other utterance in the
different voice. The process 400 will be described as being
performed by a computer system comprising one or more
computers, for example, the system 100 of FIG. 1, the
system 200 of FIG. 2, or the system 300 of FIG. 3.

[0064] The system receives first audio data of a first
utterance of one or more first terms spoken by a user (410).
The user may speak in the typical voice of the user. In some
implementations, the user speaks the first utterance while
answering a telephone call. In some implementations, the
user may activate a call screening feature of the system
before answering the telephone call.

[0065] The system provides the first audio data as an input
to a model that is configured to receive first given audio data
of a first given utterance of one or more first given terms
spoken in a first voice and output second given audio data of
a second given utterance of the one or more first given terms
spoken in a synthesized voice without performing speech
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recognition on the first given audio data (420). The model
may use an encoder to encode the first audio data into a
series of vectors that represent the audio data. The vectors
may be different than a transcription of the first audio data.
The model may use a decoder to generate the outputted
audio data. The decoder may be configured to convert the
vectors to synthesized speech in a voice that is different than
the voice of the user. In some implementations, the model
bypasses transcribing the first audio data of the first utter-
ance.

[0066] The system, in response to providing the first audio
data as an input to the model, receives second audio data of
a second utterance of the one or more first terms spoken in
the synthesized voice (430). In some implementations, the
speaking time of each of the one or more first terms in the
first utterance may be different than the speaking time of
each of the one or more first terms in the second utterance.
In some implementations, the time periods between each of
the one or more first terms in the first utterance may be
different than the time periods between each of the one or
more terms in the second utterance.

[0067] The system provides, for output, the second audio
data of the second utterance of the one or more first terms
spoken in the synthesized voice (440). The system may
output the second audio data to a speaker or other audio
output device. Another user may hear the second utterance
and may be unaware that original user spoke the first
utterance. The second utterance may sound like the voice of
an actual person even though the system generated the audio
data of the second utterance using the model. In some
implementations, the synthesized voice may have gender-
neutral qualities such that a listener may not be able to
determine whether the speaker is a male or a female. The
pitch of a gender-neutral synthesized voice may be an
average of the pitch for a female synthesized voice and the
pitch for a male synthesized voice.

[0068] In some implementations, the system may receive
an utterance from a different user. The system may apply the
audio data of the utterance from the different user to the
model. The model may output audio data of a synthesized
utterance in the same synthesized voice. In other words, the
model may be configured to convert audio data of utterances
spoken by different people to utterances in the same syn-
thesized voice.

[0069] Insome implementations, the system may train the
model using a collection of utterances received by the
system and by other systems. The system obtains a tran-
scription of each utterance in the collection of utterances.
The system may generate the transcriptions using automated
speech recognition or by manual transcription. The system
provides each transcription to a speech synthesizer, or text to
speech model, that generates the synthesized utterances in a
synthesized voice. The system trains the model using
machine learning and the collection of utterances and the
corresponding synthesized utterances. The trained model is
configured generate a synthesized utterance in the same
synthesized voice based on receiving an utterance spoken by
a user. The trained model does not use speech recognition to
generate the synthesized utterance.

[0070] In some implementations, the system may be part
of an automated agent, or bot, that is configured to conduct
voice conversations with a user. The user may be under the
impression that instead of speaking to a computer, the user
is speaking with a live person. The automated agent may not
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be able to generate an appropriate response to every utter-
ance that the automated agent may receive from the user. In
this instance, an operator may be standing by to jump in for
the automated agent to generate a response to a user utter-
ance so that the conversation can continue. The system may
assist in disguising the voice of the operator so that the user
is under the impression that the user is still speaking to the
same person. The system may convert the voice of the
operator to the voice of the automated agent so that the user
hears the same voice even when the operator generates the
response instead of the automated agent.

[0071] In more detail, this document describes an end-to-
end speech-to-speech model that maps an input spectrogram
directly to another spectrogram, without any intermediate
discrete representation. The network is composed of an
encoder, a spectrogram decoder, and a phoneme decoder,
followed by a vocoder to synthesize a time-domain wave-
form. This model can be trained to normalize speech from
any speaker even for speech that includes accents, emotions,
complex prosodic patterns, imperfections, and background
noise, into the voice of a clean single predefined target
speaker with a fixed accent and consistent articulation and
prosody. This document describes the impact of this
approach on speech recognition performance. Moreover,
this document demonstrates that the same architecture can
be trained on a speech separation task. In some implemen-
tations, the end-to-end speech-to-speech model can translate
Spanish speech into synthesized English speech.

[0072] Encoder-decoder models with attention may be
used in modeling a variety of complex sequence-to-se-
quence problems. These models may be used for speech and
natural language processing, such as machine translation,
speech recognition, and combined speech translation. The
models may also be used in end-to-end Text-To-Speech
(TTS) synthesis and Automatic Speech Recognition (ASR),
using a single neural network that directly generates the
target sequences, given virtually raw inputs.

[0073] This document describes combining state of the art
speech recognition and synthesis models to build a direct
end-to-end speech-to-speech sequence transducer which
generates a speech spectrogram as a function of a different
input spectrogram, without depending on an intermediate
discrete representation. The model may first be applied to
voice normalization and speech separation tasks. This model
can be used to directly translate one language to another, for
example, from Spanish speech into English speech.

[0074] In some implementations, a unified sequence-to-
sequence model may normalize arbitrary speech, potentially
including background noise, and generate the same content
in the voice of a single predefined target speaker. The source
speech can be from any speaker or accent, contain complex
prosodic patterns, imperfections, and background noise, all
of' which are converted into a clean signal with a fixed accent
and consistent articulation and prosody. The task is to
project away all non-linguistic information, including
speaker characteristics, and to retain only what is been said,
not who, how, or where it is said.

[0075] Such a normalization system has multiple potential
applications. Fully normalizing any voice to a single speaker
with clean audio could simplify ASR models, which could
be reduced to supporting a single speaker. Removing the
identity of the speaker might be useful when logging sen-
sitive and private speech data, allowing users to transmit
only converted speech to servers erased of “acoustic” iden-
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tity. Reducing all accents into a single voice with a pre-
defined accent may also alleviate biases and discrimination
while maintaining a natural human voice as opposed to
acoustically masked audio, for example, for phone inter-
views or recorded candidate talks given to hiring commit-
tees. Another application would be to facilitate the under-
standing of speech content of accents that are foreign to the
listener, e.g., improving intelligibility of heavily accented
speech.

[0076] In some implementations, voice conversion may
include using mapping code books, neural networks,
dynamic frequency warping, and Gaussian mixture models.
These techniques may modify only the input speaker’s
voice. In some implementations, voice conversion may
include accent conversion. The models described in this
document may normalize all speakers to a single voice and
accent, as well as normalize prosody and use an end-to-end
neural architecture that directly generates a target signal. In
some implementations, voice conversion may be a filtering
and/or transformation based approach.

[0077] The end-to-end sequence-to-sequence model archi-
tecture takes an input source speech and generates/synthe-
sizes target speech as output. In some implementations, the
only training requirement of such a model is a parallel
corpus of paired input-output speech utterances.

[0078] As shown in FIG. 5, the network is composed of an
encoder and a decoder with attention, followed by a vocoder
to synthesize a time-domain waveform. The encoder con-
verts a sequence of acoustic frames into a hidden feature
representation which the decoder consumes to predict a
spectrogram. In some implementations, the core architecture
of this model includes an attention-based end-to-end ASR
model and/or end-to-end TTS models.

[0079] The base encoder configuration may be similar to
other encoders with some variations discussed below. From
an example input speech signal sampled at 16 kHz, the
encoder may extract 80-dimensional log-mel spectrogram
acoustic feature frames over a range of 125-7600 Hz,
calculated using a Hann window, 50 ms frame length, 12.5
ms frame shift, and 1024-point Short-Time Fourier Trans-
form (STFT).

[0080] In this example, the input features are passed into
a stack of two convolutional layers with RelLU activations,
each consisting of 32 kernels shapes 3x3 in timexfrequency,
and strided by 2x2, downsampling in time by a total factor
of 4, decreasing the computation in the following layers.
Batch normalization is applied after each layer.

[0081] The resulting downsampled sequence is passed
into a bidirectional convolutional LSTM (CLSTM) layer
using a 1x3 filter, e.g., convolving only across the frequency
axis within each time step. Finally, this is passed into a stack
of three bidirectional LSTM layers of size 256 in each
direction, interleaved with a 512-dimension linear projec-
tion, followed by batch normalization and RelLU activation,
to compute the final 512-dim encoder representation.
[0082] In some implementations, the decoder’s targets are
1025 dimensional STFT magnitudes, computed with the
same framing as the input features, 2048-point STFT.
[0083] The system uses the decoder network comprised of
an autoregressive RNN to predict the output spectrogram
from the encoded input sequence one frame at a time. The
prediction from the previous decoder time step is first passed
through a small pre-net containing two fully connected
layers of 256 ReL. U units, which may help to learn attention.
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The pre-net output and attention context vector may be
concatenated and passed through a stack of two unidirec-
tional LSTM layers with 1024 units. The concatenation of
the LSTM output and the attention context vector is then
projected through a linear transform to produce a prediction
of the target spectrogram frame. Finally, these predictions
are passed through 5-layer convolutional post-net which
predicts a residual to add to the initial prediction. Each
post-net layer has 512 filters shaped 5x1 followed by batch
normalization and tanh activation.

[0084] To synthesize an audio signal from the predicted
magnitude spectrogram, the system uses the Griffin-Lim
algorithm to estimate a phase consistent with the predicted
magnitude, followed by an inverse STFT. In some imple-
mentations, neural vocoders such as WaveNet may produce
improved synthesis quality. In some implementations,
WaveNet could replace Griffin-Lim.

[0085] In some implementations, the system may be con-
figured to generate speech sounds instead of arbitrary audio.
Jointly training the encoder network to simultaneously learn
a high level representation of the underlying language serves
to bias the spectrogram decoder predictions toward a rep-
resentation of the same underlying speech content. An
auxiliary ASR decoder may be added to predict the (graph-
eme or phoneme) transcript of the output speech, condi-
tioned on the encoder latent representation. Such a multitask
trained encoder can be thought of as learning a latent
representation of the input that maintains information about
the underlying transcript, e.g., one that is closer to the latent
representation learned within a TTS sequence-to-sequence
network.

[0086] In some implementations, the decoder input is
created by concatenating a 64-dimensional embedding for
the grapheme emitted at the previous time step, and a
512-dimensional attention context vector. This is passed into
a 256 unit LSTM layer. Finally, the concatenation of the
attention context and LSTM output is passed into a sofimax
layer which predicts the probability of emitting each graph-
eme in the output vocabulary.

[0087] The speech-to-speech model may be used to con-
vert speech from an arbitrary speaker to use the voice of a
predefined canonical speaker. As discussed above, the sys-
tem may require a parallel corpus of utterances spanning a
variety of speakers and recording conditions, each mapped
to speech from a canonical speaker. Since it may be imprac-
tical to have a single speaker record hours of utterances in
clean acoustic environment, a TTS system may be used to
generate training targets from a large hand or machine
transcribed corpus of speech. Essentially, this reduces the
task to reproducing any input speech in the voice of a
single-speaker TTS system. There are multiple advantages
of using a TTS system to generate this parallel corpus: (1)
the audio is spoken with a single predefined speaker and
accent using a standard language; (2) without any back-
ground noise; (3) using high quality pronunciations with no
disfluencies; and (4) synthesizing large amounts of data as
needed for scaling to large corpora.

[0088] This document describes end-to-end speech-to-
speech model that converts an input spectrogram directly to
another spectrogram, without any intermediate symbolic
representation. The model be trained to normalize any
utterance from any speaker to a single predefined speaker’s
voice, preserving the linguistic content and projecting away
non-linguistic content. In some implementations, the same
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model can be trained to successfully identify, separate, and
reconstruct the loudest speaker in a mixture of overlapping
speech, which improves ASR performance. In some
instances, the model may translate speech in one language
directly to speech in another language.

[0089] For a task where preserving speaker identify is the
goal, one might leverage TTS synthesis to introduce varia-
tion in the target speaker identity, e.g. to match the original
speaker, and control the speaking style or prosody directly.
Such technologies could be used to synthesize training
targets for a normalization model which maintains speaker
identity, but enforces neutral prosody, or vice-versa, one
which normalizes speaker identity, but maintains the
prosody of the input speech.

[0090] FIG. 6 shows an example of a computing device
600 and a mobile computing device 650 that can be used to
implement the techniques described here. The computing
device 600 is intended to represent various forms of digital
computers, such as laptops, desktops, workstations, personal
digital assistants, servers, blade servers, mainframes, and
other appropriate computers. The mobile computing device
650 is intended to represent various forms of mobile devices,
such as personal digital assistants, cellular telephones,
smart-phones, and other similar computing devices. The
components shown here, their connections and relation-
ships, and their functions, are meant to be examples only,
and are not meant to be limiting.

[0091] The computing device 600 includes a processor
602, a memory 604, a storage device 606, a high-speed
interface 608 connecting to the memory 604 and multiple
high-speed expansion ports 610, and a low-speed interface
612 connecting to a low-speed expansion port 614 and the
storage device 606. Each of the processor 602, the memory
604, the storage device 606, the high-speed interface 608,
the high-speed expansion ports 610, and the low-speed
interface 612, are interconnected using various busses, and
may be mounted on a common motherboard or in other
manners as appropriate. The processor 602 can process
instructions for execution within the computing device 600,
including instructions stored in the memory 604 or on the
storage device 606 to display graphical information for a
GUI on an external input/output device, such as a display
616 coupled to the high-speed interface 608. In other imple-
mentations, multiple processors and/or multiple buses may
be used, as appropriate, along with multiple memories and
types of memory. Also, multiple computing devices may be
connected, with each device providing portions of the nec-
essary operations (e.g., as a server bank, a group of blade
servers, or a multi-processor system).

[0092] The memory 604 stores information within the
computing device 600. In some implementations, the
memory 604 is a volatile memory unit or units. In some
implementations, the memory 604 is a non-volatile memory
unit or units. The memory 604 may also be another form of
computer-readable medium, such as a magnetic or optical
disk.

[0093] The storage device 606 is capable of providing
mass storage for the computing device 600. In some imple-
mentations, the storage device 606 may be or contain a
computer-readable medium, such as a floppy disk device, a
hard disk device, an optical disk device, or a tape device, a
flash memory or other similar solid state memory device, or
an array of devices, including devices in a storage area
network or other configurations. Instructions can be stored
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in an information carrier. The instructions, when executed
by one or more processing devices (for example, processor
602), perform one or more methods, such as those described
above. The instructions can also be stored by one or more
storage devices such as computer- or machine-readable
mediums (for example, the memory 604, the storage device
606, or memory on the processor 602).

[0094] The high-speed interface 608 manages bandwidth-
intensive operations for the computing device 600, while the
low-speed interface 612 manages lower bandwidth-inten-
sive operations. Such allocation of functions is an example
only. In some implementations, the high-speed interface 608
is coupled to the memory 604, the display 616 (e.g., through
a graphics processor or accelerator), and to the high-speed
expansion ports 610, which may accept various expansion
cards (not shown). In the implementation, the low-speed
interface 612 is coupled to the storage device 606 and the
low-speed expansion port 614. The low-speed expansion
port 614, which may include various communication ports
(e.g., USB, Bluetooth, Ethernet, wireless Ethernet) may be
coupled to one or more input/output devices, such as a
keyboard, a pointing device, a scanner, or a networking
device such as a switch or router, e.g., through a network
adapter.

[0095] The computing device 600 may be implemented in
a number of different forms, as shown in the figure. For
example, it may be implemented as a standard server 620, or
multiple times in a group of such servers. In addition, it may
be implemented in a personal computer such as a laptop
computer 622. It may also be implemented as part of a rack
server system 624. Alternatively, components from the com-
puting device 600 may be combined with other components
in a mobile device (not shown), such as a mobile computing
device 650. Each of such devices may contain one or more
of the computing device 600 and the mobile computing
device 650, and an entire system may be made up of multiple
computing devices communicating with each other.

[0096] The mobile computing device 650 includes a pro-
cessor 652, a memory 664, an input/output device such as a
display 654, a communication interface 666, and a trans-
ceiver 668, among other components. The mobile comput-
ing device 650 may also be provided with a storage device,
such as a micro-drive or other device, to provide additional
storage. Each of the processor 652, the memory 664, the
display 654, the communication interface 666, and the
transceiver 668, are interconnected using various buses, and
several of the components may be mounted on a common
motherboard or in other manners as appropriate.

[0097] The processor 652 can execute instructions within
the mobile computing device 650, including instructions
stored in the memory 664. The processor 652 may be
implemented as a chipset of chips that include separate and
multiple analog and digital processors. The processor 652
may provide, for example, for coordination of the other
components of the mobile computing device 650, such as
control of user interfaces, applications run by the mobile
computing device 650, and wireless communication by the
mobile computing device 650.

[0098] The processor 652 may communicate with a user
through a control interface 658 and a display interface 656
coupled to the display 654. The display 654 may be, for
example, a TFT (Thin-Film-Transistor Liquid Crystal Dis-
play) display or an OLED (Organic Light Emitting Diode)
display, or other appropriate display technology. The display
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interface 656 may comprise appropriate circuitry for driving
the display 654 to present graphical and other information to
a user. The control interface 658 may receive commands
from a user and convert them for submission to the processor
652. In addition, an external interface 662 may provide
communication with the processor 652, so as to enable near
area communication of the mobile computing device 650
with other devices. The external interface 662 may provide,
for example, for wired communication in some implemen-
tations, or for wireless communication in other implemen-
tations, and multiple interfaces may also be used.

[0099] The memory 664 stores information within the
mobile computing device 650. The memory 664 can be
implemented as one or more of a computer-readable
medium or media, a volatile memory unit or units, or a
non-volatile memory unit or units. An expansion memory
674 may also be provided and connected to the mobile
computing device 650 through an expansion interface 672,
which may include, for example, a SIMM (Single In Line
Memory Module) card interface. The expansion memory
674 may provide extra storage space for the mobile com-
puting device 650, or may also store applications or other
information for the mobile computing device 650. Specifi-
cally, the expansion memory 674 may include instructions to
carry out or supplement the processes described above, and
may include secure information also. Thus, for example, the
expansion memory 674 may be provide as a security module
for the mobile computing device 650, and may be pro-
grammed with instructions that permit secure use of the
mobile computing device 650. In addition, secure applica-
tions may be provided via the SIMM cards, along with
additional information, such as placing identifying informa-
tion on the SIMM card in a non-hackable manner.

[0100] The memory may include, for example, flash
memory and/or NVRAM memory (non-volatile random
access memory), as discussed below. In some implementa-
tions, instructions are stored in an information carrier. that
the instructions, when executed by one or more processing
devices (for example, processor 652), perform one or more
methods, such as those described above. The instructions
can also be stored by one or more storage devices, such as
one or more computer- or machine-readable mediums (for
example, the memory 664, the expansion memory 674, or
memory on the processor 652). In some implementations,
the instructions can be received in a propagated signal, for
example, over the transceiver 668 or the external interface
662.

[0101] The mobile computing device 650 may communi-
cate wirelessly through the communication interface 666,
which may include digital signal processing circuitry where
necessary. The communication interface 666 may provide
for communications under various modes or protocols, such
as GSM voice calls (Global System for Mobile communi-
cations), SMS (Short Message Service), EMS (Enhanced
Messaging Service), or MMS messaging (Multimedia Mes-
saging Service), CDMA (code division multiple access),
TDMA (time division multiple access), PDC (Personal
Digital Cellular), WCDMA (Wideband Code Division Mul-
tiple Access), CDMA2000, or GPRS (General Packet Radio
Service), among others. Such communication may occur, for
example, through the transceiver 668 using a radio-fre-
quency. In addition, short-range communication may occur,
such as using a Bluetooth, WiFi, or other such transceiver
(not shown). In addition, a GPS (Global Positioning System)
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receiver module 670 may provide additional navigation- and
location-related wireless data to the mobile computing
device 650, which may be used as appropriate by applica-
tions running on the mobile computing device 650.

[0102] The mobile computing device 650 may also com-
municate audibly using an audio codec 660, which may
receive spoken information from a user and convert it to
usable digital information. The audio codec 660 may like-
wise generate audible sound for a user, such as through a
speaker, e.g., in a handset of the mobile computing device
650. Such sound may include sound from voice telephone
calls, may include recorded sound (e.g., voice messages,
music files, etc.) and may also include sound generated by
applications operating on the mobile computing device 650.
[0103] The mobile computing device 650 may be imple-
mented in a number of different forms, as shown in the
figure. For example, it may be implemented as a cellular
telephone 680. It may also be implemented as part of a
smart-phone 682, personal digital assistant, or other similar
mobile device.

[0104] Various implementations of the systems and tech-
niques described here can be realized in digital electronic
circuitry, integrated circuitry, specially designed ASICs (ap-
plication specific integrated circuits), computer hardware,
firmware, software, and/or combinations thereof. These
various implementations can include implementation in one
or more computer programs that are executable and/or
interpretable on a programmable system including at least
one programmable processor, which may be special or
general purpose, coupled to receive data and instructions
from, and to transmit data and instructions to, a storage
system, at least one input device, and at least one output
device.

[0105] These computer programs (also known as pro-
grams, software, software applications or code) include
machine instructions for a programmable processor, and can
be implemented in a high-level procedural and/or object-
oriented programming language, and/or in assembly/ma-
chine language. As used herein, the terms machine-readable
medium and computer-readable medium refer to any com-
puter program product, apparatus and/or device (e.g., mag-
netic discs, optical disks, memory, Programmable Logic
Devices (PLDs)) used to provide machine instructions and/
or data to a programmable processor, including a machine-
readable medium that receives machine instructions as a
machine-readable signal. The term machine-readable signal
refers to any signal used to provide machine instructions
and/or data to a programmable processor.

[0106] To provide for interaction with a user, the systems
and techniques described here can be implemented on a
computer having a display device (e.g., a CRT (cathode ray
tube) or LCD (liquid crystal display) monitor) for displaying
information to the user and a keyboard and a pointing device
(e.g., a mouse or a trackball) by which the user can provide
input to the computer. Other kinds of devices can be used to
provide for interaction with a user as well; for example,
feedback provided to the user can be any form of sensory
feedback (e.g., visual feedback, auditory feedback, or tactile
feedback); and input from the user can be received in any
form, including acoustic, speech, or tactile input.

[0107] The systems and techniques described here can be
implemented in a computing system that includes a back end
component (e.g., as a data server), or that includes a middle-
ware component (e.g., an application server), or that
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includes a front end component (e.g., a client computer
having a graphical user interface or a Web browser through
which a user can interact with an implementation of the
systems and techniques described here), or any combination
of'such back end, middleware, or front end components. The
components of the system can be interconnected by any
form or medium of digital data communication (e.g., a
communication network). Examples of communication net-
works include a local area network (LAN), a wide area
network (WAN), and the Internet. In some implementations,
the systems and techniques described here can be imple-
mented on an embedded system where speech recognition
and other processing is performed directly on the device.
[0108] The computing system can include clients and
servers. A client and server are generally remote from each
other and typically interact through a communication net-
work. The relationship of client and server arises by virtue
of computer programs running on the respective computers
and having a client-server relationship to each other.
[0109] Although a few implementations have been
described in detail above, other modifications are possible.
For example, while a client application is described as
accessing the delegate(s), in other implementations the del-
egate(s) may be employed by other applications imple-
mented by one or more processors, such as an application
executing on one or more servers. In addition, the logic
flows depicted in the figures do not require the particular
order shown, or sequential order, to achieve desirable
results. In addition, other actions may be provided, or
actions may be eliminated, from the described flows, and
other components may be added to, or removed from, the
described systems. Accordingly, other implementations are
within the scope of the following claims.
What is claimed is:
1. A computer-implemented method comprising:
receiving, by a computing device, first audio data of a first
utterance of one or more first terms spoken by a user;
providing, by the computing device, the first audio data as
an input to a model that is configured to receive first
given audio data of a first given utterance of one or
more first given terms spoken in a first voice and output
second given audio data of a second given utterance of
the one or more first given terms spoken in a synthe-
sized voice without performing speech recognition on
the first given audio data;
in response to providing the first audio data as an input to
the model, receiving, by the computing device, second
audio data of a second utterance of the one or more first
terms spoken in the synthesized voice; and
providing, for output by the computing device, the second
audio data of the second utterance of the one or more
first terms spoken in the synthesized voice.
2. The method of claim 1, comprising:
receiving, by the computing device, data indicating that a
bot that is configured to conduct conversations with a
given human is not configured to generate a response to
a third utterance received from a human; and
based on receiving the data indicating that the bot is not
configured to generate the response to the third utter-
ance received from the human, transmitting, by the
computing device and to a human operator, a request to
respond to the third utterance received from the human,
wherein receiving the first audio data of the first utterance
of the one or more first terms spoken by the user
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comprises receiving the first audio data of the first
utterance of the one or more first terms spoken by the
human operator in response to the third utterance.

3. The method of claim 1, wherein receiving the first
audio data of the first utterance of the one or more first terms
spoken by the user comprises receiving the first audio data
of'the first utterance of the one or more first terms spoken by
the user while answering a telephone call.

4. The method of claim 1, comprising:

receiving audio data of a collection of utterances;

obtaining a transcription of each utterance in the collec-

tion of utterances;

providing the transcriptions of each utterance as an input

to a text to speech model;

receiving, for each transcription of each utterance, audio

data of an additional collection of utterances in a
synthesized voice; and

training the model using the audio data of the collection

of utterances and the audio data of an additional
collection of utterances in a synthesized voice.

5. The method of claim 1, comprising:

receiving, by the computing device, third audio data of a

third utterance of one or more third terms spoken by an
additional user;

providing, by the computing device, the third audio data

as an input to the model;
in response to providing the third audio data as an input
to the model, receiving, by the computing device,
fourth audio data of a fourth utterance of the one or
more third terms spoken in the synthesized voice; and

providing, for output by the computing device, the fourth
audio data of the fourth utterance of the one or more
third terms spoken in the synthesized voice.

6. The method of claim 1, comprising:

bypassing, by the computing device, obtaining a tran-

scription of the first utterance.

7. The method of claim 1, wherein the model is configured
to adjust a time period between each of the one or more first
given terms.

8. The method of claim 1, wherein the model is configured
to adjust a speaking time of each of the one or more first
given terms.

9. A system comprising:

one or more computers; and

one or more storage devices storing instructions that are

operable, when executed by the one or more computers,

to cause the one or more computers to perform opera-

tions comprising:

receiving first audio data of a first utterance of one or
more first terms spoken by a user;

providing the first audio data as an input to a model that
is configured to receive first given audio data of a
first given utterance of one or more first given terms
spoken in a first voice and output second given audio
data of a second given utterance of the one or more
first given terms spoken in a synthesized voice
without performing speech recognition on the first
given audio data;

in response to providing the first audio data as an input
to the model, receiving second audio data of a second
utterance of the one or more first terms spoken in the
synthesized voice; and
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providing, for output, the second audio data of the
second utterance of the one or more first terms
spoken in the synthesized voice.

10. The system of claim 9, wherein the operations further
comprise:

receiving data indicating that a bot that is configured to

conduct conversations with a given human is not con-
figured to generate a response to a third utterance
received from a human; and

based on receiving the data indicating that the bot is not

configured to generate the response to the third utter-
ance received from the human, transmitting, to a human
operator, a request to respond to the third utterance
received from the human,

wherein receiving the first audio data of the first utterance

of the one or more first terms spoken by the user
comprises receiving the first audio data of the first
utterance of the one or more first terms spoken by the
human operator in response to the third utterance.

11. The system of claim 9, wherein receiving the first
audio data of the first utterance of the one or more first terms
spoken by the user comprises receiving the first audio data
of'the first utterance of the one or more first terms spoken by
the user while answering a telephone call.

12. The system of claim 9, wherein the operations further
comprise:

receiving audio data of a collection of utterances;

obtaining a transcription of each utterance in the collec-

tion of utterances;

providing the transcriptions of each utterance as an input

to a text to speech model;

receiving, for each transcription of each utterance, audio

data of an additional collection of utterances in a
synthesized voice; and

training the model using the audio data of the collection

of utterances and the audio data of an additional
collection of utterances in a synthesized voice.

13. The system of claim 9, wherein the operations further
comprise:

receiving third audio data of a third utterance of one or

more third terms spoken by an additional user;
providing the third audio data as an input to the model;
in response to providing the third audio data as an input
to the model, receiving fourth audio data of a fourth
utterance of the one or more third terms spoken in the
synthesized voice; and
providing, for output, the fourth audio data of the fourth
utterance of the one or more third terms spoken in the
synthesized voice.

14. The system of claim 9, wherein the operations further
comprise bypassing obtaining a transcription of the first
utterance.

15. The system of claim 9, wherein the model is config-
ured to adjust a time period between each of the one or more
first given terms.

16. The system of claim 9, wherein the model is config-
ured to adjust a speaking time of each of the one or more first
given terms.
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