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PRESERVING AUDIO DATA COLLECTION 
PRIVACY IN MOBILE DEVICES 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001. This application is a continuation of U.S. patent 
application Ser. No. 13/213.294, filed Aug. 19, 2011, which 
claims priority to U.S. Provisional Patent Application No. 
61/488,927, filed May 23, 2011, entitled “PRESERVING 
AUDIO DATA COLLECTION PRIVACY IN MOBILE 
DEVICES.” Attorney Docket No. 111174P1, all of which is 
hereby incorporated herein by reference for all purposes. 

BACKGROUND 

0002 Mobile devices are incredibly widespread in today's 
Society. For example, people use cellular phones, Smart 
phones, personal digital assistants, laptop computers, pagers, 
tablet computers, etc. to send and receive data wirelessly from 
countless locations. Moreover, advancements in wireless 
communication technology have greatly increased the versa 
tility of today's mobile devices, enabling users to perform a 
wide range of tasks from a single, portable device that con 
ventionally required either multiple devices or larger, non 
portable equipment. 
0003 For example, mobile devices can be configured to 
determine what environment (e.g., restaurant, car, park, air 
port, etc.) a mobile device user may be in through a process 
called context determination. Context awareness applications 
that perform such context determinations seek to determine 
the environment of a mobile device by utilizing information 
from the mobile device's sensor inputs, such as GPS, WiFi 
and BlueTooth R. In many scenarios, classifying audio from 
the mobile device’s microphone is highly valuable in making 
context determinations, but the process of collecting audio 
that may include speech can raise privacy issues. 

BRIEF SUMMARY 

0004 Techniques disclosed herein provide for using the 
hardware and/or software of a mobile device to obscure 
speech in the audio data before a context determination is 
made by a context awareness application using the audio data. 
In particular, a Subset of a continuous audio stream is captured 
Such that speech (words, phrases and sentences) cannot be 
reliably reconstructed from the gathered audio. The subset is 
analyzed for audio characteristics, and a determination can be 
made regarding the ambient environment. 
0005. In some embodiments, a method of privacy-sensi 

tive audio analysis is presented. The method may include 
capturing a Subset of audio data contained in a continuous 
audio stream. The continuous audio stream may contain 
human speech. The Subset of audio data may obscure content 
of the human speech. The method may include analyzing the 
subset of audio data for audio characteristics. The method 
may include making a determination of an ambient environ 
ment, based, at least in part, on the audio characteristics. 
0006 Embodiments of such a method may include one or 
more of the following: The subset of audio data may comprise 
a computed function of the continuous audio stream having a 
lesser number of bits than is needed to reproduce the continu 
ous audio stream with intelligible fidelity. The subset of audio 
data may comprise a plurality of audio data segments, each 
audio data segment comprising data from a different temporal 
component of the continuous audio stream. The method may 
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include making a determination of an identity of a person 
based, at least in part, on the audio characteristics. The plu 
rality of audio data segments may comprise between 30 ms to 
100 ms of recorded audio. Each temporal component of the 
continuous audio stream may be between 250 ms to 2s in 
length. The method may include randomly altering an order 
of the plurality of audio data segments before analyzing the 
subset of audio data. Randomly altering the order of the 
plurality of audio data segments may be based, at least in part, 
on information from one of: a Global Positioning System 
(GPS) device, signal noise from circuitry within a mobile 
device, signal noise from a microphone, and signal noise from 
an antenna. 

0007. In some embodiments, a device for obscuring pri 
vacy-sensitive audio is presented. The device may include a 
microphone. The device may include a processing unit com 
municatively coupled to the microphone. The processing unit 
may be configured to capture a Subset of audio data contained 
in a continuous audio stream represented in a signal from the 
microphone. The continuous audio stream may contain 
human speech. The Subset of audio data may obscure content 
of the human speech. The processing unit may be configured 
to analyze the Subset of audio data for audio characteristics. 
The processing unit may be configured to make a determina 
tion of an ambient environment, based, at least in part, on the 
audio characteristics. 

0008 Embodiments of such a device may include one or 
more of the following: The subset of audio data may comprise 
a computed function of the continuous audio stream having a 
lesser number of bits than is needed to reproduce the continu 
ous audio stream with intelligible fidelity. The subset of audio 
data may comprise a plurality of audio data segments, each 
audio data segment comprising data from a different temporal 
component of the continuous audio stream. The processing 
unit may be configured to make a determination of an identity 
of a person based, at least in part, on the audio characteristics. 
Each of the plurality of audio data segments may comprise 
between 30 ms to 100 ms of recorded audio. Each temporal 
component of the continuous audio stream may be between 
250 ms to 2s in length. The device wherein the processing unit 
is further configured to randomly altering an order of the 
plurality of audio data segments before analyzing the Subset 
of audio data. Randomly altering the order of the plurality of 
audio data segments may be based, at least in part, on infor 
mation from one of: a Global Positioning System (GPS) 
device, signal noise from circuitry within a mobile device, 
signal noise from the microphone, and signal noise from an 
antenna. 

0009. In some embodiments, a system for determining an 
environment associated with a mobile device is presented. 
The system may include an audio sensor configured to receive 
a continuous audio stream. The system may include at least 
one processing unit coupled to the audio sensor. The process 
ing unit may be configured to capture a Subset of audio data 
contained in the continuous audio stream, Such that the Subset 
of audio data obscures content of human speech included in 
the continuous audio stream. The processing unit may be 
configured to analyze the Subset of audio data for audio char 
acteristics. The processing unit may be configured to make a 
determination of an ambient environment, based, at least in 
part, on the audio characteristics. 
00.10 Embodiments of such a system may include one or 
more of the following: The system may include a network 
interface configured to send information representing the 
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Subset of audio data via a network to a location remote from 
the mobile device. The at least one processing unit may be 
configured to make the determination of the ambient environ 
ment at the location remote from the mobile device. The 
Subset of audio data may comprise a plurality of audio data 
segments, each audio data segment comprising data from a 
different temporal component of the continuous audio 
Stream. 

0011. The at least one processing unit may be configured 
to make a determination of an identity of a person based, at 
least in part, on the audio characteristics. Each of the plurality 
of audio data segments may comprise between 30 ms to 100 
ms of recorded audio. Each temporal component of the con 
tinuous audio stream may be between 250 ms to 2s in length. 
The processing unit may be further configured to randomly 
alter an order of the plurality of audio data segments before 
analyzing the Subset of audio data. 
0012. In some embodiments, a computer program product 
residing on a non-transitory processor-readable medium is 
presented. The non-transitory processor-readable medium 
includes processor-readable instructions configured to cause 
a processor to capture a Subset of audio data contained in a 
continuous audio stream. The continuous audio stream may 
contains human speech. The Subset of audio data may obscure 
content of the human speech. The processor-readable instruc 
tions may be configured to cause the processor to analyze the 
Subset of audio data for audio characteristics. The processor 
readable instructions may be configured to cause the proces 
sor to make a determination of an ambient environment, 
based, at least in part, on the audio characteristics. 
0013 Embodiments of such a computer program product 
may include one or more of the following: The subset of audio 
data may comprise a computed function of the continuous 
audio stream having a lesser number of bits than is needed to 
reproduce the continuous audio stream with intelligible fidel 
ity. The Subset of audio data may comprise a plurality of audio 
data segments, eachaudio data segment comprising data from 
a different temporal component of the continuous audio 
stream. The processor-readable instructions may be config 
ured to cause the processor to make a determination of an 
identity of a person based, at least in part, on the audio 
characteristics. Each of the plurality of audio data segments 
may comprise between 30 ms to 100 ms of recorded audio. 
Each temporal component of the continuous audio stream 
may be between 250 ms to 2s in length. The processor 
readable instructions may be configured to randomly alteran 
order of the plurality of audio data segments before analyzing 
the subset of audio data. The processor-readable instructions 
for randomly altering the order of the plurality of audio data 
segments is based, at least in part, on information from one of 
a Global Positioning System (GPS) device, signal noise from 
circuitry within a mobile device, signal noise from a micro 
phone, and signal noise from an antenna. 
0014. In some embodiments, a device for obscuring pri 
vacy-sensitive audio is presented. The device may include 
means for capturing a Subset of audio data contained in a 
continuous audio stream represented in a signal from a micro 
phone. The continuous audio stream may contain human 
speech. The subset of audio data may obscure content of the 
human speech. The device may include means for analyzing 
the subset of audio data for audio characteristics. The device 
may include means for determining an ambient environment, 
based, at least in part, on the audio characteristics. 
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00.15 Embodiments of such a device may include one or 
more of the following: The means for capturing the subset of 
audio data may be configured to capture the Subset of audio 
data in accordance with a computed function of the continu 
ous audio stream having a lesser number of bits than is needed 
to reproduce the continuous audio stream with intelligible 
fidelity. The means for capturing the Subset of audio data may 
be configured to capture the subset of audio data such that the 
Subset of audio data comprises a plurality of audio data seg 
ments, each audio data segment comprising data from a dif 
ferent temporal component of the continuous audio stream. 
The means for determining the ambient environment may be 
configured to make a determination of an identity of a person 
based, at least in part, on the audio characteristics. The means 
for capturing the Subset of audio data may be configured to 
capture the subset of audio data such that each of the plurality 
of audio data segments comprises between 30 ms to 100ms of 
recorded audio. 
0016. Items and/or techniques described herein may pro 
vide one or more of the following capabilities, as well as other 
capabilities not mentioned. Obscuring of the content of 
speech that may be included in an audio stream used for a 
context determination while having little or no impact on the 
accuracy of the context determination. Utilizing a relatively 
simple method that can be executed in real time, using mini 
mal processing resources. Including an ability to upload a 
Subset of audio data (having obscured speech) to help 
improve the accuracy of models used in context determina 
tions. While at least one item/technique-effect pair has been 
described, it may be possible for a noted effect to be achieved 
by means other than that noted, and a noted item/technique 
may not necessarily yield the noted effect. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0017. An understanding of the nature and advantages of 
various embodiments may be facilitated by reference to the 
following figures. In the appended figures, similar compo 
nents or features may have the same reference label. Further, 
various components of the same type may be distinguished by 
following the reference label by a dash and a second label that 
distinguishes among the similar components. If only the first 
reference label is used in the specification, the description is 
applicable to any one of the similar components having the 
same first reference label irrespective of the second reference 
label. 
0018 FIG. 1 is a simplified block diagram of basic com 
ponents of a mobile device configured to Support context 
awareness applications, according to one embodiment. 
0019 FIGS. 2a-2c are visualizations of processes for cap 
turing Sufficient audio information to classify the ambient 
environment of a mobile device without performance degra 
dation, while helping ensure privacy of speech. 
(0020 FIGS. 3a and 3b are flow diagrams of methods for 
providing the functionality shown in FIGS. 2b and 2c. 
0021 FIG. 4 is a graph illustrating results of an analysis 
computing an upper bound on the probability of a speech 
recognizer reconstructing n-grams of words, from audio data 
resulting from certain processing methods described herein. 

DETAILED DESCRIPTION 

0022. The following description is provided with refer 
ence to the drawings, where like reference numerals are used 
to refer to like elements throughout. While various details of 
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one or more techniques are described herein, other techniques 
are also possible. In some instances, well-known structures 
and devices are shown in block diagram form in order to 
facilitate describing various techniques. 
0023 Mobile devices, such as personal digital assistants 
(PDAs), mobile phones, tablet computers, and other personal 
electronics, can be enabled with context awareness applica 
tions. These context awareness applications can determine, 
for example, where a user of the mobile device is and what the 
user might be doing, among other things. Such context deter 
minations can help enable a mobile device to provide addi 
tional functionality to a user, Such as enter a car mode after 
determining the user is in a car, or entering a silent mode when 
determining the user has entered a movie theater. 
0024 Techniques are described herein for preserving pri 
vacy in speech that may be captured in audio used for context 
determinations of mobile devices. More particularly, a subset 
of audio data may be captured from a continuous audio stream 
that may contain speech, whereby the nature of the sampling 
obscures any speech that might be contained in the continu 
ous audio stream. However, the nature of the sampling also 
preserves certain audio characteristics of the continuous 
audio stream Such that a context determination—such as a 
determination regarding a particular ambient environment of 
a mobile device—Suffers little or no reduction in accuracy. 
These and other techniques, are described in further detail 
below. 
0025 FIG. 1 is a is a simplified block diagram illustrating 
certain components of a mobile device 100 that can provide 
for context awareness, according to one embodiment. This 
diagram is an example and is not limiting. For example, the 
mobile device 100 may include additional components (e.g., 
user interface, antennas, display, etc.) omitted from FIG. 1 for 
simplicity. Additionally, the components shown may be com 
bined, separated, or omitted, depending on the functionality 
of the mobile device 100. 

0026. In this embodiment, the mobile device 100 includes 
a mobile network interface 120. Such an interface can include 
hardware, Software, and/or firmware for communicating with 
a mobile carrier. The mobile network interface 120 can utilize 
High Speed Packet Access (HSPA), Enhanced HSPA 
(HSPA+), 3GPP Long Term Evolution (LTE), and/or other 
standards for mobile communication. The mobile network 
interface 120 can also provide certain information, such as 
location data, that can be useful in context awareness appli 
cations. 
0027. Additionally, the mobile device 100 can include 
other wireless interface(s) 170. Such interfaces can include 
IEEE 802.11 (WiFi), Bluetooth R, and/or other wireless tech 
nologies. These wireless interface(s) 170 can provide infor 
mation to the mobile device 100 that may be used in a context 
determination. For example, the wireless interface(s) 170 can 
provide information regarding location by determining the 
approximate location of a wireless network to which one or 
more of the wireless interface(s) 170 are connected. Addi 
tionally or alternatively, the wireless interface(s) 170 can 
enable the mobile device 100 to communicate with other 
devices, such as wireless headsets and/or microphones, 
which may provide information useful in determining a con 
text of the mobile device 100. 

0028. The mobile device 100 also can include a global 
positioning system (GPS) unit 160, accelerometer(s) 130, 
and/or other sensor(s) 150. These additional features can 
provide information Such as location, orientation, movement, 
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temperature, proximity, etc. As with the wireless interface(s) 
170, information from these components can help context 
awareness applications make a context determination regard 
ing the context of the mobile device 100. 
(0029. The mobile device 100 additionally can include an 
analysis/determination module(s) 110. Among other things, 
the analysis/determination module(s) 110 can receive sensor 
information from the various components to which it is com 
municatively coupled. The analysis/determination module(s) 
110 also can execute Software (including context awareness 
applications) stored on a memory 180, which can be separate 
from and/or integrated into the analysis/determination mod 
ule(s) 110. Furthermore the analysis/determination module 
(s) 110 can comprise one or many processing devices, includ 
ing a central processing unit (CPU), microprocessor, digital 
signal processor (DSP), and/or components that, among other 
things, have the means capable of analyzing audio data and 
making a determination based on the analysis. 
0030 Although information from wireless interfaces 170, 
GPS unit 160, accelerometer(s) 130, and/or other sensor(s) 
150, can greatly assist in determining location when the user 
is outdoors, near identifiable WiFi or BlueTooth access 
points, walking, etc., these components have their limitations. 
In many scenarios they are less useful for determining envi 
ronment and situation. For example, information from these 
components is less useful in distinguishing whether a user is 
in a meeting or in their office, or whether a user is in a grocery 
store or the gymnasium immediately next to it. In these sce 
narios and others, information from the audio capturing mod 
ule 140 (e.g., microphone(s) and/or other audio capturing 
means) of the mobile device 100 can provide highly valuable 
audio data that can be used to help classify the environment, 
as well as determine whether there is speech present, whether 
there are multiple speakers present, the identity of a speaker, 
etc 

0031. The process of capturing audio data by a mobile 
device 100 for a context determination can include tempo 
rarily and/or permanently storing audio data to the phone's 
memory 180. The capture of audio data that includes intelli 
gible speech, however, can raise privacy issues. In fact, fed 
eral, state, and/or local laws may be implicated if the mobile 
device 100 captures speech from a user of the mobile device 
100, or another person, without consent. These issues can be 
mitigated by using the hardware and/or software of the 
mobile device 100 to pre-process the audio data before it is 
captured such that speech (words, phrases and sentences) 
cannot be reliably reconstructed from the captured audio data. 
Moreover, the pre-processing can still allow determination of 
an ambient environment (e.g., from background noise) and/or 
other audio characteristics of the audio data, Such as the 
presence of speech, music, typing Sounds, etc. 
0032 FIG.2a is a visualization of a process for capturing 
sufficient audio information to classify a mobile device and/ 
or user's situation/environment without performance degra 
dation. Additionally the process can also help ensure that 
speech (words, phrases and sentences) cannot be reliably 
reconstructed from the captured information. This process 
involves reducing the dimensionality of an input audio 
stream. In other words, the bits (i.e., digital data) of an input 
stream of continuous audio are reduced such that the resultant 
audio stream has a lesser number of bits than is needed to 
reproduce the continuous audio stream with intelligible fidel 
ity. Reducing the dimensionality therefore can be a computed 
function designed to ensure speech is irreproducible. 
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0033 For example, a continuous audio stream can com 
prise a window 210 of audio data lasting T. Seconds. The 
window 210 can be viewed as having a plurality of audio data 
segments. More specifically, the window 210 can comprise N 
temporal components, or blocks 220, where each block 220 
lasts T seconds and comprises a plurality of frames 230 of 
The seconds each. A microphone signal can be sampled 
such that only one frame 230 (with T. seconds of data) is 
collected in every block of T seconds. 

The values of T, 0034 and T can vary depending 
on desired functionality. In one embodiment, for example 
T-50 ms and T-500 ms, but these settings can vary 
substantially with little effect on the accuracy of a context 
determination that uses the resulting audio information 240 
a. For example, T. can range from less than 30 ms to 100 
ms or more, T. can range from less than 250 ms up to 2000 
ms (2s) or more, and T can be as short as a single block 
(e.g., one block per window), up to one minute or more. 
Different frame, block, and window lengths can impact the 
number of frames 230 per block 220 and the number of blocks 
220 per window 210. 
0035. The capturing of frames 230 can be achieved in 
different ways. For example, the analysis/determination mod 
ule(s) 110 can continuously sample the microphone signal 
during a window 210 of continuous audio, discarding (i.e., 
not storing) the unwanted frames 230. Thus, in the example 
above where T-50 ms and T. 500 ms, the processing 
unit can simply discard 450 ms out of every 500 ms sampled. 
Additionally or alternatively, the analysis/determination 
module(s) 110 can turn the audio capturing module 140 off 
during the unwanted frames 230 (e.g., turning the audio cap 
turing module 140 off for 450 ms out of every 500 ms). 
thereby collecting only the frames 230 that will be inserted 
into the resulting audio information 240-a used in a context 
determination. 

0036. The resulting audio information 240-a is a collec 
tion of frames 230 that comprises only a subset of the con 
tinuous audio stream in the window 210. Even so, this result 
ing audio information 240-a can include audio characteristics 
that can help enable a context determination, such as deter 
mining an ambient environment, with no significant impact 
on in the accuracy of the determination. Accordingly, the 
resulting audio information 240-a can be provided in real 
time to an application for context classification, and/or stored 
as one or more waveform(s) in memory 180 for later analysis 
and/or uploading to a server communicatively coupled to the 
mobile device 100. 

0037 FIGS. 2b and 2c are visualizations of processes for 
capturing audio information, similar to the process shown in 
FIG. 2a. In FIGS. 2b and 2c, however, additional steps are 
taken to help ensure further privacy of any speech that may be 
captured. 
0038 Referring to FIG. 2b, a visualization is provided 
illustrating how, for every window 210 of T seconds, 
the first frames 230 of each block 220 can be captured. After 
the frame 230-1 of the final block 220 of the window 210 is 
captured, all the captured frames of the window 210 can be 
randomly permutated (i.e. randomly shuffled) to provide the 
resultant audio information 240-b. Thus, the resultant audio 
information 240-b is similar to the resulting audio informa 
tion 240-a of FIG. 2a, with the additional feature that the 
frames from which the resultant audio information 240-b is 
comprised are randomized, thereby further decreasing the 
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likelihood that any speech that may be included in the result 
ant audio information 240-b could be reproduced with intel 
ligible fidelity. 
0039 FIG.2c illustrates a process similar to the one shown 
in FIG.2b, but further randomizing the frame 230 captured 
for each block 220. More specifically, rather than capture the 
first frame 230 of each block 220 of a window 210 as shown 
in FIGS. 2a and 2b, the process shown in FIG. 2c demon 
strates that a random frame 230 from each block 220 can be 
selected instead. The randomization of both the capturing of 
frames 230 of a window 210 and the ordering of frames 230 
in the resultant audio information 240-c, helps further ensure 
that any speech contained in a continuous audio stream within 
a window 210 is obscured and irreproducible. 
0040. The randomization used in processes shown in 
FIGS. 2b and 2c can be computed using a seed that is gener 
ated in numerous ways. For example, the seed may be based 
on GPS time provided by the GPS unit 160, noise from 
circuitry within the mobile device 100, noise (or other signal) 
from the audio capturing module 140, noise from an antenna, 
etc. Furthermore, the permutation can be discarded (e.g., not 
stored) to help ensure that the shuffling effect cannot be 
reversed. 
0041. The processes shown in FIGS. 2a, 2b, and 2c are 
provided as examples and are not limiting. Other embodi 
ments are contemplated. For example, the blocks 220 may be 
randomly permutated before frames 230 are captured. Alter 
natively, frames 230 can be captured randomly throughout 
the entire window 210, rather than capturing one frame 230 
per block 220. 
0042 FIG. 3a is a flow diagram illustrating an embodi 
ment of a method 300-1 for providing the functionality shown 
in FIGS.2b and 2c. The method 300-1 can begin at stage 310, 
where a block 220 of audio data from a continuous audio 
stream is received. The continuous audio stream can be, for 
example, audio within a window 210 of time to which the 
audio capturing module 140 of a mobile device 100 is 
exposed. 
0043. At stage 320, a frame 230 of the block 220 of audio 
data is captured. As discussed earlier, the frame 230 can be a 
predetermined frame (e.g. first frame) of each block 220 of 
audio data, or it can be randomly selected. The frame 230 is 
captured, for example, by being stored (either temporarily or 
permanently) in the memory 180 of a mobile device 100. As 
discussed previously, the capturing of a frame 230 can include 
turning a audio capturing module 140 on and off and/or 
sampling certain portions of a signal from a audio capturing 
module 140 representing a continuous audio stream. 
0044. At stage 330, it is determined whether there are 
additional blocks 220 in the current window 210. If so, the 
process of capturing a frame 230 from a block 220 is repeated. 
This can be repeated any number of times, depending on 
desired functionality. For example, where T 500 ms and 
T-10 seconds, the process of capturing a frame 230 
will be repeated 20 times, resulting in 20 captured frames 230. 
0045. If frames 230 from all blocks 220 in the current 
window 210 have been captured, the process moves to stage 
340, where the order of the captured frames are randomized 
These randomized frames can be stored, for example, in an 
audio file used for analysis by a context awareness applica 
tion. Finally, at stage 350, a determination of the ambient 
environment (or other context determination) is made, based, 
at least in part, on audio characteristics of the randomized 
frames. 
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0046 Different stages of the method 300-1 may be per 
formed by one or more different components of the mobile 
device 100 and/or other systems communicatively coupled 
with the mobile device 100. Moreover, stages can be per 
formed by any combination of hardware, software, and/or 
firmware. For example, to help ensure that an entire audio 
stream (e.g., an audio stream that may have recognizable 
speech) is inaccessible to Software applications executed by 
the mobile device 100, certain stages, such as stages 320-340 
can be performed by hardware (such as the analysis/determi 
nation module(s) 110), randomizing captured frames, for 
instance, on a buffer before storing them on the memory 180 
and/or providing them to a software application. Additionally 
or alternatively, some embodiments may enable certain 
parameters (e.g., T. T. and/or Time) to be at least 
partially configurable by software. 
0047. In yet other embodiments, a mobile device 100 may 
upload the resultant audio information 240 including the cap 
tured frames to a remote server. In this case, the remote server 
can make the determination of the ambient environment of 
stage 350. Alternatively, the mobile device 100 can upload the 
resultant audio information 240 along with a determination of 
the ambient environment made by the mobile device 100. In 
either case, the remote server can use the determination and 
the resultant audio information 240 to modify existing mod 
els used to make ambient environment determinations. This 
enables the server to maintain models that are able to “learn' 
from input received by mobile devices 100. Modified and/or 
updated models then can be downloaded to mobile devices 
100 to help improve the accuracy of ambient environment 
determinations made by the mobile devices 100. Thus, ambi 
ent environment determinations (or other contextual determi 
nations) can be continually improved. 
0048. As indicated above, the techniques described herein 
can allow determination of not only an ambient environment 
and/or other contextual determinations, but other audio char 
acteristics of the audio data as well. These audio characteris 
tics can include the presence of speech, music, typing Sounds, 
and more. Depending on the audio characteristics include, 
different determinations may be made. 
0049 FIG. 3b a flow diagram illustrating an example of a 
method 300-1, which includes stages similar to the method 
300-1 of FIG. 3. The method 300-2 of FIG. 3b, however, 
includes an additional stage 360 where a determination is 
made regarding the identity of speaker(s) whose speech is 
included in the captured frames used to made a determination 
of an ambient environment. As with stage 350, the determi 
nation of stage 360 can be made by the mobile device 100 
and/or a remote server to which the captured frames are 
uploaded. Additionally, the determination regarding identity 
can include the use of other information and/or models, such 
as models to help determine the age, gender, etc. of the 
speaker and, stored information regarding audio characteris 
tics of a particular person's speech, and other data. 
0050 Listening to captured audio files generated by the 
processes discussed above clearly demonstrates that words 
cannot be reliably reconstructed from this scheme. However, 
this notion can be demonstrated mathematically by perform 
ing an analysis to compute an upper bound on the probability 
of a speech recognizer reconstructing an n-grams of words, 
where an n-gram of words is a collection of n consecutive 
words, given the collected audio data from publicly-available 
Sources for developing commercial speech recognizers. 
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0051 FIG. 4 is a graph illustrating the results of such an 
analysis, showing the upper bounds on probability of cor 
rectly guessing an n-gram given collected audio. Results are 
shown for correctly reconstructing a 1-gram 410 and 2-gram 
420 where T 50 ms, for variable lengths of T. The 
probability of reconstructing an n-gram intuitively decreases 
with increasing n. This can be seen from FIG. 4 where, for 
T 500 ms, the probability of correctly reconstructing a 
1-gram 410 is 14%, while the probability of correctly recon 
structing a 2-gram 420 is 8%. (It should be noted that this 
analysis does not include the permutation of the frames dis 
cussed herein, which can obscure language even further, 
reducing probability by roughly a factor of (T/T) 
factorial.) 
0052. Despite the reduced probabilities of reconstructing 
speech, the techniques discussed herein have no significant 
impact on the ability of classifiers (e.g., probabilistic classi 
fiers used in context awareness applications) to discern the 
environment of the user. This is demonstrated in Table 1, 
which shows the precision and recall of a context awareness 
classifier, with Statistical models having one mixture compo 
nent and two mixture components, where T 50 ms and 
T is variable. The data used was a commercially acquired 
audio data set of environmental Sounds of a set of environ 
ments (e.g., in a park, on a street, in a market, in a car, in an 
airport, etc.) common among context awareness applications. 

TABLE 1 

1 mixture component 2 mixture components 

Precision Recall Precision Recall 
Tblock (%) (%) (%) (%) 

50ms 47.2 47.4 49.4 46.2 
250ms 48.2 47.5 48.6 42.7 
SOOms 48.7 48.7 48.6 40.7 
1s 48.0 45.8 43.9 33.3 
2s 38.0 39.4 43.8 27.4 

I0053 Because T-50 ms, the precision and recall 
shown in Table 1 for T-50 ms is continuous audio. Table 
1, thus indicates how reducing the dimensionality of the audio 
data by sampling only Subsets of a continuous audio stream 
can have little impact on the accuracy of the classifier's deter 
mination of an ambient environment until Tapproaches 2 
seconds (i.e., the microphone is on for only 50 ms for every 2 
seconds, or 2.5% of the time). Results may be different for 
different classifiers. 
0054 The methods, systems, devices, graphs, and tables 
discussed above are examples. Various configurations may 
omit, Substitute, or add various procedures or components as 
appropriate. For instance, in alternative configurations, the 
methods may be performed in an order different from that 
described, and/or various stages may be added, omitted, and/ 
or combined. Also, features described with respect to certain 
configurations may be combined in various other configura 
tions. Different aspects and elements of the configurations 
may be combined in a similar manner. Also, technology 
evolves and, thus, many of the elements are examples and do 
not limit the scope of the disclosure or claims. Additionally, 
the techniques discussed herein may provide differing results 
with different types of context awareness classifiers. 
0055 Specific details are given in the description to pro 
vide a thorough understanding of example embodiments (in 
cluding implementations). However, embodiments may be 
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practiced without these specific details. For example, well 
known circuits, processes, algorithms, structures, and tech 
niques have been shown without unnecessary detail in order 
to avoid obscuring the configurations. This description pro 
vides example configurations only, and does not limit the 
Scope, applicability, or configurations of the claims. Rather, 
the preceding description of the configurations will provide 
those skilled in the art with an enabling description for imple 
menting described techniques. Various changes may be made 
in the function and arrangement of elements without depart 
ing from the spirit or scope of the disclosure. 
0056. Also, configurations may be described as a process 
which is depicted as a flow diagram or block diagram. 
Although each may describe the operations as a sequential 
process, many of the operations can be performed in parallel 
or concurrently. In addition, the order of the operations may 
be rearranged. A process may have additional steps not 
included in the figure. 
0057 Computer programs incorporating various features 
of the present invention may be encoded on various non 
transitory computer-readable and/or non-transitory proces 
sor-readable storage media; Suitable media include magnetic 
media, optical media, flash memory, and other non-transitory 
media. Non-transitory processor-readable storage media 
encoded with the program code may be packaged with a 
compatible device or provided separately from other devices. 
In addition program code may be encoded and transmitted via 
wired optical, and/or wireless networks conforming to a vari 
ety of protocols, including the Internet, thereby allowing 
distribution, e.g., via Internet download. 
0058 Having described several example configurations, 
various modifications, alternative constructions, and equiva 
lents may be used without departing from the spirit of the 
disclosure. For example, the above elements may be compo 
nents of a larger system, wherein other rules may take prece 
dence over or otherwise modify the application of the inven 
tion. Also, a number of steps may be undertaken before, 
during, or after the above elements are considered. Accord 
ingly, the above description does not bound the scope of the 
claims. 

1. (canceled) 
2. A method for performing an audio analysis, the method 

comprising: 
receiving, by a computerized device, a continuous audio 

Stream; 
capturing, by the computerized device, from the continu 

ous audio stream, a plurality of audio frames from a 
plurality of audio blocks of the continuous audio stream, 
wherein: 
each audio block of the plurality of audio blocks 

includes multiple audio frames; and 
a single audio frame is captured from each audio block 

of the plurality of audio blocks; 
analyzing, by the computerized device, the plurality of 

audio frames; and 
determining, based on analyzing the plurality of audio 

frames, a characteristic of an ambient environment of 
the continuous audio stream. 

3. The method for performing the audio analysis of claim 2, 
wherein the continuous audio stream comprises human 
speech. 

4. The method for performing the audio analysis of claim3, 
the method further comprising: 
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determining, by the computerized device, based on analyZ 
ing the plurality of audio frames, an identity of a speaker 
of the human speech. 

5. The method for performing the audio analysis of claim 2, 
the method further comprising: 

shuffling, by the computerized device, the plurality of 
audio frames into a shuffled order, wherein analyzing the 
plurality of audio frames comprises analyzing the plu 
rality of audio frames in the shuffled order. 

6. The method for performing the audio analysis of claim 2, 
the method further comprising: 

for each audio frame, randomizing, by the computerized 
device, selection of the audio frame from the multiple 
audio frames present within the corresponding audio 
block of the plurality of audio blocks. 

7. The method for performing the audio analysis of claim 6, 
wherein randomizing selection of the audio frame is based, at 
least in part, on information selected from a source of the 
group comprising: 

a global navigation satellite system (GNSS) device, 
signal noise from circuitry within a mobile device, 
signal noise from a microphone, and 
signal noise from an antenna. 
8. The method for performing the audio analysis of claim 2, 

further comprising: 
uploading, by the computerized device, the plurality of 

audio frames to a remote server system, wherein deter 
mining, based on analyzing the plurality of audio 
frames, the characteristic of the ambient environment of 
the continuous audio stream is performed by the remote 
server system. 

9. The method for performing the audio analysis of claim 2, 
wherein receiving the continuous audio stream occurs via a 
microphone of the computerized device and the computer 
ized device is a cellular phone. 

10. A system for performing an audio analysis, the system 
comprising: 

one or more processors; and 
a memory communicatively coupled with and readable by 

the one or more processors and having Stored therein 
processor-readable instructions which, when executed 
by the one or more processors, cause the one or more 
processors to: 
capture, from a continuous audio stream, a plurality of 

audio frames from a plurality of audio blocks of the 
continuous audio stream, wherein: 
each audio block of the plurality of audio blocks 

includes multiple audio frames; and 
a single audio frame is captured from each audio 

block of the plurality of audio blocks; 
analyze the plurality of audio frames; and 
determine, based on analyzing the plurality of audio 

frames, a characteristic of an ambient environment of 
the continuous audio stream. 

11. The system for performing the audio analysis of claim 
10, wherein the continuous audio stream captured by the 
processor comprises human speech. 

12. The system for performing the audio analysis of claim 
11, wherein the processor-readable instructions, when 
executed, further cause the one or more processors to: 

determine, based on analyzing the plurality of audio 
frames, an identity of a speaker of the human speech. 
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13. The system for performing the audio analysis of claim 
10, wherein the processor-readable instructions, when 
executed, further cause the one or more processors to: 

shuffle the plurality of audio frames into a shuffled order, 
wherein analyzing the plurality of audio frames com 
prises analyzing the plurality of audio frames in the 
shuffled order. 

14. The system for performing the audio analysis of claim 
10, wherein the processor-readable instructions, when 
executed, further cause the one or more processors to: 

for each audio frame, randomize selection of the audio 
frame from the multiple audio frames present within the 
corresponding audio block of the plurality of audio 
blocks. 

15. The system for performing the audio analysis of claim 
14, wherein the processor-readable instructions that, when 
executed, cause the one or more processors to randomize 
selection of the audio frame bases the randomization, at least 
in part, on information selected from a source of the group 
comprising: 

a global navigation satellite system (GNSS) device, 
signal noise from circuitry within a mobile device, 
signal noise from a microphone, and 
signal noise from an antenna. 
16. The system for performing the audio analysis of claim 

10, wherein the system is implemented as part of a cellular 
phone comprising a microphone. 

17. A non-transitory processor-readable medium for per 
forming an audio analysis, comprising processor-readable 
instructions configured to cause one or more processors to: 

capture, from a continuous audio stream, a plurality of 
audio frames from a plurality of audio blocks of the 
continuous audio stream, wherein: 
each audio block of the plurality of audio blocks 

includes multiple audio frames; and 
a single audio frame is captured from each audio block 

of the plurality of audio blocks; 
analyze the plurality of audio frames; and 
determine, based on analyzing the plurality of audio 

frames, a characteristic of an ambient environment of 
the continuous audio stream. 

18. The non-transitory processor-readable medium for per 
forming the audio analysis of claim 17, wherein the continu 
ous audio stream captured by the processor comprises human 
speech. 

19. The non-transitory processor-readable medium for per 
forming the audio analysis of claim 18, wherein the proces 
sor-readable instructions are further configured to cause the 
one or more processors to: 

determine, based on analyzing the plurality of audio 
frames, an identity of a speaker of the human speech. 

20. The non-transitory processor-readable medium for per 
forming the audio analysis of claim 17, wherein the proces 
sor-readable instructions are further configured to cause the 
one or more processors to: 

shuffle the plurality of audio frames into a shuffled order, 
wherein analyzing the plurality of audio frames com 
prises analyzing the plurality of audio frames in the 
shuffled order. 

21. The non-transitory processor-readable medium for per 
forming the audio analysis of claim 17, wherein the proces 
sor-readable instructions are further configured to cause the 
one or more processors to: 
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for each audio frame, randomize selection of the audio 
frame from the multiple audio frames present within the 
corresponding audio block of the plurality of audio 
blocks. 

22. The non-transitory processor-readable medium for per 
forming the audio analysis of claim 21, wherein the proces 
sor-readable instructions configured to cause the one or more 
processors to randomize selection of the audio frame bases 
the randomization, at least in part, on information selected 
from a source of the group comprising: 

a global navigation satellite non-transitory processor-read 
able medium (GNSS) device, 

signal noise from circuitry within a mobile device, 
signal noise from a microphone, and 
signal noise from an antenna. 
23. The non-transitory processor-readable medium for per 

forming the audio analysis of claim 17, wherein the non 
transitory processor-readable medium is implemented as part 
of a cellular phone comprising a microphone. 

24. An apparatus for performing an audio analysis, the 
apparatus comprising: 
means for receiving a continuous audio stream; 
means for capturing from the continuous audio stream, a 

plurality of audio frames from a plurality of audio blocks 
of the continuous audio stream, wherein: 
each audio block of the plurality of audio blocks 

includes multiple audio frames; and 
a single audio frame is captured from each audio block 

of the plurality of audio blocks: 
means for analyzing the plurality of audio frames; and 
means for determining, based on analyzing the plurality of 

audio frames, a characteristic of an ambient environ 
ment of the continuous audio stream. 

25. The apparatus for performing the audio analysis of 
claim 24, wherein the continuous audio stream comprises 
human speech. 

26. The apparatus for performing the audio analysis of 
claim 25, the apparatus further comprising: 
means for determining, based on analyzing the plurality of 

audio frames, an identity of a speaker of the human 
speech. 

27. The apparatus for performing the audio analysis of 
claim 24, the apparatus further comprising: 
means for shuffling the plurality of audio frames into a 

shuffled order, wherein analyzing the plurality of audio 
frames comprises analyzing the plurality of audio 
frames in the shuffled order. 

28. The apparatus for performing the audio analysis of 
claim 24, the apparatus further comprising: 
means for randomizing, for each frame, selection of the 

audio frame from the multiple audio frames present 
within the corresponding audio block of the plurality of 
audio blocks. 

29. The apparatus for performing the audio analysis of 
claim 28, wherein the means for randomizing selection of the 
audio frame bases randomization, at least in part, on infor 
mation selected from a source of the group consisting of 

a global navigation satellite system (GNSS) device, 
signal noise from circuitry within a mobile device, 
signal noise from a microphone, and 
signal noise from an antenna. 
30. The apparatus for performing the audio analysis of 

claim 24, further comprising: 



US 2014/0172424 A1 Jun. 19, 2014 

means for uploading the plurality of audio frames to a 
remote server system, wherein the means for determin 
ing, based on analyzing the plurality of audio frames, the 
characteristic of the ambient environment of the con 
tinuous audio stream is present at the remote server 
system. 

31. The apparatus for performing the audio analysis of 
claim 24, wherein the apparatus is integrated as part of a 
cellular phone. 


