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Abstract 
Language and channel variations are two important concerns 
currently affecting practical automatic language and speaker 
recognition performance.  To address these challenges, a 
corpus of speech was collected from 100 bilingual speakers in 
each of three foreign languages (Arabic-English, Korean-
English, and Spanish-English).  The recordings were made in 
highly controlled conditions using multiple microphones 
simultaneously, each with different measured response 
characteristics.  The speakers were asked to perform a set of 
speaking tasks including conversations, text independent 
readings, and prescribed text readings.  These tasks were 
performed in English and in each speaker’s native language.  
The equipment, the recording procedures, and the data formats 
are presented, along with a preliminary analysis of recorded 
signal quality. 

1. Introduction 
Automatic language, speech, and speaker recognition services 
rely on characteristic feature measurements of the human 
vocal tract acoustics.  In practice, automatic recognition 
performance depends on a number of factors that can affect 
these features, including the quality of the signal and the 
acoustical environment.  Recent studies using the CAVIS 
voice corpus (three microphone channels recorded 
simultaneously) have attempted to quantify the effects of 
several signal quality measures on the performance of 
automatic speaker recognition systems [1, 2].  These studies 
have shown that system performance is directly correlated 
with signal duration, signal-to-noise ratio (SNR), and channel 
(transmission and environmental) mismatch between training 
and test signals.   
 
The primary purpose of this data collection and investigation 
is to quantify the effects of language and channel on automatic 
speaker recognition performance.  Two questions drove the 
design of the experiment.  Is automatic speaker recognition in 
its current state language independent, and can automatic 
speaker recognition be improved by using language-specific 
speaker models?  In order to address these questions, voice 
samples were recorded from a large number of bilingual 
speakers in multiple languages under a controlled set of 
conditions.  This corpus was designed for use by many of the 

current standard processing techniques for future language and 
voice recognition studies [3, 4].  The requirements addressed 
in the design of this corpus were developed to be both 
compatible with and complementary to existing and ongoing 
speaker recognition and language identification speech 
corpora [5, 6].  
 
BAE Systems in Austin, TX teamed with the Defense 
Language Institute (DLI) in Monterey, CA to collect the data.  
DLI has a staff of well educated bilingual non-native English 
speakers.  Language instructors from the Arabic, Korean, and 
Spanish departments were recruited to participate in the voice 
data recording sessions.  These sessions took place in a studio 
close to DLI, where the equipment and the recording 
environment could be controlled over the course of the three 
month data collection process. 
 
This paper describes the data collection plan, different 
recording channels, the experimental controls, and the 
resulting bilingual voice corpus.  Section 2 describes the data 
acquisition equipment and the experimental set-up used in 
both the local and remote sites.  Section 3 describes the 
recording session procedures, lists the items on the personal 
datasheet collected from each speaker, and describes the 
different speaking tasks.  Section 4 describes the data formats, 
naming conventions, and file groups that make up the corpus.  
Section 5 provides the initial signal quality analysis results.  
 

2. Data Collection Set-Up and Equipment 
The recording equipment had to support simultaneous local 
recordings of two acoustically isolated individuals engaged in 
a conversation.   At the same time, additional equipment was 
necessary at a remote site to record the long distance phone 
calls, and to switch the telephone lines between conversation 
mode (connected) and individual reading tasks (unconnected).   

2.1. Local Data Collection Set-Up 

To support the local recording, a private residence with three 
rooms was rented in an area close to DLI.  Two rooms were 
set up as recording studios, while the third room contained the 
data acquisition equipment, as shown in Figure 1.   
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Figure 1:  Local Data Collection Equipment 
 
Each recording room contained a telephone with a separate 
line, four microphones, a laptop to display the current 
recording task instructions, reading material, and a projector.  
Each room had a thick carpet and a bed, and additional sound 
adsorbing material, including blankets and carpet foam were 
placed around the room. 
 

2.2. Remote Data Collection Set-Up 

To study long-distance channel effects on voice conversations, 
a long distance telephone connection was established at a 
remote recording site.  This remote was based in Austin, TX, 
consisted of two phone lines, a telephone control switch, and a 
data acquisition system, as shown in Figure 2.  The Radio 
Systems Inc DI2000 Hybrid switch inputs two phone 
connections, and provides each line individually as an output.  
It also can connect the phone lines under program control, 
enabling or disabling conversation between the two lines.  The 
data acquisition system continuously monitored both lines for 
dual tone multiple frequency (DTMF) touch tones, and 
signaled the hybrid switch to enable or disable conversation 
mode depending on the touch tone state. 
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Figure 2: Remote Data Collection Equipment 

2.3. Data Acquisition Equipment 

During the experiment, the voice data was simultaneously 
digitized in real-time using multiple signal digitizers.  For this 
project, we used the IOTech Wavebook 512 analog-to-digital 
converter with eight input channels of simultaneously sampled 
data at 16 KHz per channel and 16 bits per sample.  We also 
used the IOTech WB-14 analog front end to provide anti-alias 

filtering and amplification.  The input devices consisted of a 
wide range of microphone types, each chosen to provide a 
different frequency and polar response. 

2.3.1. Studio Microphone 

The Audio-Technica AT3035 is a very high quality large 
diaphragm studio microphone that was used for the ground 
truth audio recording of each speaker.  The AT3035 has a flat 
frequency response from 20 Hz to 20,000 Hz, and has a 
cardioid polar pattern to minimize reverberation, as shown in 
Figure 3.  The microphone  was placed approximately one half 
meter from the speaker’s mouth, and an XLR cable was used 
to connect the AT3035 microphones to a Behringer UB 1202 
mixer.  The mixer supplied phantom power to the microphone, 
converted the balanced microphone lines to unbalanced 
digitizer lines, and provided impedance matching. 
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Figure 3:  Studio Microphone and Response Characteristics 
 

2.3.2. Desktop Computer Microphone 

The Radio Shack Model 33-3031 microphone is an 
inexpensive noise-canceling electret desktop microphone that 
is commonly used as an input to PC sound cards.  The desktop 
microphone has a frequency response listed from 100 Hz – 
10,000 Hz, and has a super-cardioid polar pattern to minimize 
interfering sounds, as shown in Figure 4.  This microphone 
was placed adjacent to the studio microphone, approximately 
one half meter from the speaker’s mouth.  A shielded BNC 
cable connected the microphone directly to the IOTech WB-
14 analog signal conditioner and preamplifier.   
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Figure 4: Desktop Microphone and Response Characteristics 

2.3.3. Omni Microphone 

The Gentex Model 3307-5 omni-directional electret 
microphone is a rugged device that is commonly used in all-
weather and surveillance applications.  This small omni 
microphone has a frequency response listed from 50 Hz – 
10,000 Hz, and has a omni-directional polar pattern, as shown 
in Figure 5.  This microphone was placed about 3 meters from 
the speaker’s mouth, providing additional propagation losses 
and reverberation compared to the signals from the studio 
microphone.  The microphone element is directly connected 



to a high gain (200X) preamplifier located inside the 
microphone housing. 
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Figure 5:  Omni Microphone and Response Characteristics 
 

2.3.4. Camcorder Microphone 

The analog audio signal output from a Cannon ZR40 digital 
camcorder was recorded for each speaker.   The microphone 
for this camcorder is an electret condenser microphone.  The 
specifications are not listed for this microphone, but typical 
camcorder microphones, as shown in Figure 6, have 
frequency responses from 100 Hz – 15,000 Hz, have uni-
directional cardioid polar patterns, and have automatic gain 
control circuitry.  The camcorder was placed about 3 meters 
from the speaker’s mouth, and was pointed directly at the 
speaker.   
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Figure 6: Camcorder and Typical Microphone Characteristics 
 

2.3.5. Telephone Microphone  

The audio output of a Radio Shack Model 43-3205 telephone 
microphone was extracted and recorded for telephone ground 
truth for each speaker.  Although no specifications are given 
for this microphone, most telephone handset microphones 
have a frequency response from 80 Hz – 15,000 Hz, and a 
cardioid polar pattern to minimize interfering sounds.   The 
handset microphone was placed approximately one inch (2.5 
cm.) from the speaker’s mouth.  A shielded BNC cable 
connected the microphone output directly to the IOtech 
analog preamplifier. 

3. Recording Session Procedures 
Since part of the recording sessions consisted of a 
conversation,  two speakers had to be scheduled for the same 
time slot.   Speakers were scheduled in time slots every 45 
minutes, providing time to arrive, fill out paperwork, receive a 
short briefing, and perform the speaking tasks.  The 
recordings lasted approximately 25 minutes.  This schedule 
did not allow much cushion, and speakers were called the day 
before to remind them of their appointments.  Each speaker 
was recorded in an acoustically isolated room and performed 

each set of speaking tasks in both English and their native 
language.  None of the speakers exhibited any discernable 
speech or hearing defects.  Two recording sessions took place, 
with approximately one month between sessions.  

3.1. Personal Information Datasheet 

Upon arriving for their recording session, each speaker was 
asked to fill out a table of personal information.  This 
information was selected to screen for known causes that 
affect voice quality.  For instance, acoustic voice patterns may 
be affected by such factors as gender, age, body size, 
smoking, etc.  The personal information was selected from the 
three following categories 

• Physiological characteristics affecting voice quality 
• Health issues affecting voice quality 
• Language proficiency 

The survey given to each speaker contained information 
shown in Table 1. 
 
Table 1:  Personal Information Affecting Voice Quality 

Physiology and Health 
Factors Affecting Voice 

Language Proficiency 
Factors Affecting Voice 

Speaker ID number Birthplace (Country) 
Recording session date Native language 
Time of day Session language  
Gender Session language dialect 
Age Range  Session language spoken daily 
Height English: oral proficiency 
Smoking – number of years English: # of years spoken 
Illness today affecting voice English: % spoken daily 
Allergies affecting voice Educational level 
Medicines affecting voice Occupation 
 

3.2. Speaking Modes 

An additional variable in this corpus collection was the use of 
different controlled speaking modes, including conversations 
and reading tasks in both native and English languages.  The 
speaking modes and their characteristics are listed in Table 2. 
 
Table 2:  Speaking Modes 
Mode Lang. Text Speed Acoustic Length 
Conv English Indep. Normal Voiced 4 min 
Conv Native Indep. Normal Voiced 4 min 
Reading English Indep. Normal Voiced 1 min 
Prescr. English Dep. Normal Voiced 45 sec 
Prescr. English Dep. Fast Voiced 10 sec 
Prescr. English Dep. Slow Voiced 25 sec 
Prescr. English Dep. Normal Whisper 15 sec 
Prescr. English Dep. Normal Voiced 15 sec 
Prescr. English Dep. Normal Voiced 1 min 
Reading Native Indep. Normal Voiced 1 min 
Prescr. Native Dep. Normal Voiced 45 sec 
 
The three primary speaking modes were conversation, 
reading, and prescribed.  The conversation speaking mode 
consisted of spontaneous, text independent speech.  After the 
telephone connection was established, the speakers were 
instructed to converse with their partner in English.  After four 
minutes, they were instructed to converse in their foreign 



(native) language.  When the conversations were complete, a 
touch tone button was pressed in order to disconnect the two 
speakers at the switch, but still allow individual recordings 
over the phone line for the reading tasks.  The reading mode 
consisted of one minute of text independent reading.  The 
speakers were asked to read from a book or magazine in 
English, and then to read from a book or magazine in their 
native language.  After the reading, each passage was marked 
to guarantee complete text independence. 
 
The speakers were then instructed to read several prescribed 
text dependent passages that were projected onto the wall.  
The first prescribed text was the Rainbow passage.  The 
speakers were asked to read this passage normally, and then 
read the first two sentences faster than normal, slower than 
normal, and finally in a whisper.  This Rainbow passage was 
translated into Spanish, Arabic, and Korean and used in the 
text dependent foreign language task.  The second prescribed 
reading task was the “Quick Beige Fox” passage.  Finally, the 
speakers were asked to read a phonetically balanced word list 
in English.  The order of the words was randomized before 
each reading.  The Rainbow passage, the Quick Beige Fox, 
and phonetically balanced word lists are commonly used in 
speech evaluations because they provide a full set of English 
phonemes.  The English version of the Rainbow passage, the 
Quick Beige Fox, and phonetically balanced word lists are 
shown Table 3 
 
Table 3:  Prescribed Reading Text. 

Prescribed Reading Passages 
When the sun light strikes raindrops in the air, they act like a 
prism and form a rainbow. The rainbow is a division of white 
light into many beautiful colors. This takes the shape of a long 
arch with its path high above and its two ends apparently 
beyond the horizon. There is according to legend, a boiling 
pot of gold at one end. People look but no one ever finds it. 
When a man looks for something beyond his reach his friends 
say he's looking for the pot of gold at the end of the rainbow.  
That quick beige fox jumped in the air over each thin dog. 
Look out, I shout, for he's foiled you again. 
are, bad, bar, bask, box, cane, cleanse, clove, crash,  creed, 
death, deed, dike, dish, end, feast, fern, folk, ford, fraud, fuss, 
grove, heap, hid, hive, hunt, is, mange, no, nook, not, pan, 
pants, pest, pile, plush, rag, rat, ride, tile, rub, slip, smile, 
strife, such, such, then, there, toe, use 
 

3.3. Data Assurance 

Trained BAE Systems personnel were on-site to conduct the 
recording sessions, and maintain the task order and 
synchronization between the two speakers.  BAE personnel 
were also responsible for starting the recorders, making the 
long distance telephone calls, and presenting the correct 
speaking tasks to the speakers, and pressing the proper touch 
tone buttons on the telephones.  Touch tones were used to 
automate the segmentation of the data into the different 
speaking tasks, and to cue the speaker to switch modes 
between conversation and reading.  BAE Systems personnel 
also kept a written log in each room to note problems with the 
equipment, procedures, or speakers.   
 

4. Bilingual Corpus Description 
The data was digitized at 16 KHz and 16-bits per sample.  The 
original unprocessed data was parsed into individual speaking 
tasks, and stored in the Microsoft WAV format.  The data was 
also filtered and downsampled to 8 KHz, and stored in the 
Microsoft WAV format.  Since the voices from all 
microphone channels were recorded simultaneously, the data 
from each channel is automatically time aligned (with the 
exception of acoustic propagation delays), and stored in 
separate files.  

4.1. Number of Speakers 

The objective of this study was to collect voice samples from 
100 bilingual speakers from each of three different non-
English languages.   The number of speakers for each 
language is broken down into the number of male and female 
speakers, and is shown in Table 4.  The number of Arabic and 
Korean speakers is complete, and the number of Spanish 
speakers is currently being increased for a goal of over 100. 
 
Table 4: Number of Speakers per Language 
Lang/Gender Male Female Total 
Arabic 55 39 94 
Korean 41 73 114 
Spanish* 12 15 27 
Total 108 127 235 
* Not complete at the time this paper was written 

4.2. File Naming Convention 

The file naming convention for the this bilingual voice corpus 
contains the speaker ID number, the session language, the 
speaking language, the speaking mode, the microphone 
channel, the gender, and the session number.  The filenames 
are of the form: 

aaaabbbcccddddeefg_hh.ext 

The filenames based on these letters are described in Table 5. 
 
Table 5: File Naming Convention  
Mnemonic Description 
aaaa Speaker ID number (1001-1250) 
bbb Session Language (Eng, Spa, Ara, Kor) 
ccc Speaking Language (Eng, Spa, Ara, Kor) 
dddd Speaking Mode (Conv, Rdti, Rnbo, Rnbn, 

Rnbf, Rnbs, Rnbw, Qbfx, Rdpb) 
ee Microphone Channel (Sm,Dm,Tm,Tr,Om,Cm) 
f Gender (M, F) 
g Session Number (1, 2) 
hh Sampling Rate (8k, 16k) samples per second 
ext File extension (wav, sph, etc.) 
 
The language, speaking mode, and microphone channel 
abbreviations are described in Tables 6-8. 
 
Table 6: Language Abbreviations 
Abbrev. Language 
Ara Arabic 
Eng English 
Kor Korean 
Spa Spanish 



5. Signal Quality Analysis  
Table 7: Speaking Mode Abbreviations 
Abbrev. Speaking Mode 
Conv Conversation 
Rdti Reading text independent 
Rnbo Reading prescribed text (Rainbow passage) 
Rnbn Prescribed text Normal (first two sentences 

of Rainbow Passage) 
Rnbf Prescribed text Fast (first two sentences of 

Rainbow Passage) 
Rnbs Prescribed text Slow (first two sentences of 

Rainbow Passage) 
Rnbw Prescribed text Whisper (first two sentences 

of Rainbow Passage) 
Qbfx Prescribed text (Quick Beige Fox) 
Rdpb Reading phonetically balanced word list 

(randomized word order) 

5.1. SNR Data Analysis 

Speech signals can be characterized as highly non-stationary 
signals with time varying energy amplitude.  Due to these 
dynamic characteristics and the fact that signal and noise 
sections are never observed separately in recorded speech 
samples, there is no simple definition of speech signal-to-noise 
ratio.  However, a histogram of a sufficiently large number of 
short time speech signal power segments consists of two 
modes – one for the noise power distribution and one for the 
signal plus noise power.  Therefore, we followed a procedure 
that appears to give consistent estimates over a wide range of 
speech signals, file lengths, and SNRs.  The time series data 
was first segmented into 10 millisecond non-overlapping 
frames.  The signal power was calculated for each frame and 
normalized by dividing by the maximum value over all 
frames.  A histogram of the normalized frame power was 
calculated, and the maximum value determined.  The center 
point of the bin containing the maximum histogram value was 
selected as the decision threshold.  Frames with normalized 
power less than or equal to the threshold value are considered 
to be noise only.  All other frames with power greater than the 
threshold are considered to be signal plus noise.  The variance 
of the noise-only frames was calculated, the variance of the 
signal plus noise frames was calculated, and these two power 
estimates were used to determine the signal-to-noise ratio 
according to the formula:  

 
 
Table 8: Microphone Channel  Abbreviations 
Abbrev. Microphone Channel 
Sm Studio microphone 
Dm Desktop microphone 
Tm Telephone microphone (local) 
Tr Telephone remote 
Cm Camcorder microphone 
Om Omni microphone 
 
 

 
4.3. Data Folder Organization 
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The voice data in this corpus is organized first by native 
language, second by speaking language, and third by speaking 
mode.  Each folder contains all of the speakers of both 
genders, both sessions, and all microphone channels.  The 
folder names and descriptions are shown in Table 9. 

 
 
Histograms of speech signal-to-noise ratios were calculated 
from all recorded conversations (English and non-English), 
and are presented in Figure 7 as follows: studio microphone 
(SM), telephone microphone (TM), camcorder microphone 
(CM), omni microphone (OM), and desktop microphone 
(DM). 

 
Table 9: Bilingual Voice Corpus Organization 
 

Folder Name Description 
AraAraConv_16k Arabic speaking Arabic Conversation 
AraEngConv_16k Arabic speaking English Conversation 
AraAraRdti_16k Arabic in Arabic Reading Text Indep. 
AraEngRdti_16k Arabic in English Reading Text Indep. 
AraAraRdtd_16k Arabic in Arabic Reading Text Dep. 
AraEngRdtd_16k Arabic in English Reading Text Dep. 
KorKorConv_16k Korean speaking Korean Conversation 
KorEngConv_16k Korean speaking English Conversation 
KorKorRdti_16k Korean in Korean Reading Text Indep. 
KorEngRdti_16k Korean in English Reading Text Indep. 
KorKorRdtd_16k Korean in Korean Reading Text Dep. 
KorEngRdtd_16k Korean in English Reading Text Dep. 
SpaSpaConv_16k Spanish speaking Spanish Conversation 
SpaEngConv_16k Spanish speaking English Conversation 
SpaSpaRdti_16k Spanish in Spanish Reading Text Indep. 
SpaEngRdti_16k Spanish in English Reading Text Indep. 
SpaSpaRdtd_16k Spanish in Spanish Reading Text Dep. 
SpaEngRdtd_16k Spanish in English Reading Text Dep. 

 

 
 
Figure 7: SNR Histograms for Each Channel 
 

 



5.2. Signal Duration Analysis 

The duration of the training and the test speech signals 
directly affect the performance of an automatic speaker 
recognition system.  Duration is measured only after removing 
the silence (noise-only) regions of the signal.  The duration of 
all of the conversation data is given in the top plot of Figure 8 
below.  Out of a four minute (one-sided) conversation, the 
average duration of usable speech data is about one and a half 
minutes.  The duration of all reading data is given in the 
middle plot.  The text independent readings were timed at 60 
seconds, and the average duration of usable speech data is 
about 48 seconds.  The average duration of usable speech data 
for the prescribed Rainbow passage, shown in the bottom plot, 
was about 28 seconds.    
 

 
 

Figure 8: Speech Duration per Speaking Mode 
  

6. Discussion 
The bilingual data collection required two people for 
conversation mode.  Coordinating and the scheduling two 
people was one of the most difficult tasks of the project.   For 
the most part, the speakers were very cooperative, but we did 
experience problems of late or no-shows, taking too long to 
fill out the forms, and a few people refusing to participate.  In 
general, the recording sessions were short, taking 20-25 
minutes to complete, and most participants reported that the 
speaking exercises were interesting and enjoyable to perform.  
The easiest sessions were those where the two speakers were 
friends.  We controlled some of the reverberation using carpet 
on the floors, beds and soft chairs in the rooms, and carpet 
padding placed in the direct acoustic path.  Some of the 
uncontrollable problems included speaking manner and 
speaking rate, distance from the microphone to the mouth 
(subjects often shifted position), foot tapping and finger 
drumming, airplanes and car drive-bys from outdoors, dry 
throat and coughing, and many people could not whisper. 
 

7. Conclusions 
The language and speaker recognition (LASR) voice corpus 
provides bilingual speech recordings of conversations, text 
independent readings, and prescribed text readings.  Native 

speakers in Arabic, Korean, and Spanish were asked to 
perform these speaking tasks in English and in their native 
language.  All data was collected in a carefully controlled 
acoustic environment, using multiple microphones with 
different response characteristics.  The data has been analyzed 
according to the average signal-to-noise ratio and the usable 
signal duration.  The voice corpus has been organized, and 
will be available in the near future from the Linguistic Data 
Consortium at Penn St. University to support language and 
speaker recognition research efforts. 
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