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1 Introduction

The aim of this document is to give guidelines and practical hints to database producing parties. 

These instructions typically relate to the most critical phases in the creation process of an acoustic database as specified for the Speecon project.

If on any aspect of these specification one is in doubt then the documents “D211 to D216” and even more the definition of validation criteria “D41” should be considered first. 
2 Recording instructions

2.1 Basic equipment set-up

For all environments a basic equipment set-up is necessary. This comprises the installation of the laptops and the mounting of the VXpocket cards together with the amplifiers. Because the headset and the Nokia microphone are used in every environment, the ‘Basic equipment set-up’ covers their installation too.

2.1.1 Applicable recording scenarios

a) Office and entertainment environment.

b) Public place environment.

c) Children environment.

d) Car environment.

2.1.2 Necessary equipment

· I-dB meter.

· Several XLR-cables.

· One (or two) laptop(s) and optionally a second monitor or a network connection.

· Both VXpocket cards.


· Nokia lavalier microphone.

· Sennheiser headset with ME104 microphone capsule.

· Recording suitcase equipped with 4 amplifiers and phantom power device.

2.1.3 Equipment set-up

a) Install a laptop and the prompt screen (optional monitor or second laptop).

b) Install one VXpocket card to the laptop.

c) Boot the laptop with one VXpocket card plugged in (’VXpocket In #1’).

d) Put in the second VXpocket card (’VXpocket Card 2 In #1’).

e) Start the recording studio.
f)  Set-up the software for recording the next participant, see: 1.7 Using the VXpocket cards and the Recording Studio software on the laptop, further in this document.
g) Connect the left input jack of the ’VXpocket In #1’ cable to amplifier 1.

h) Connect the right input jack of the ’VXpocket Card 2 In #1’ cable to amplifier 2.

i) Connect the ’VXpocket In #1’ cable to the ’VXpocket In #1’ card.

j) Connect the left input jack of the ’VXpocket Card 2 In #1’ cable to amplifier 3.

k) Connect the right input jack of the ’VXpocket Card 2 In #1’ cable to amplifier 4.

l) Connect the ’VXpocket Card 2 In #1’ cable to ’VXpocket Card 2 In #1’.

m) Connect the XLR-jack of the ME104 to amplifier 1.

n) Connect the XLR-plug of the Nokia phantom power device, to the XLR-plug of amplifier 2, use the short XLR-cable.

o) Connect the jack of the Nokia microphone to the corresponding plug at the phantom power device.

p) Switch on the phantom power supplies (all amplifiers and the phantom power device).

q) Switch ON or OFF (and maintain the position for a whole database) the high-pass filters of all amplifiers.

r) Adjust the gain of the amplifiers (as starting point) using the tested values that are found with each delivered suitcase (see example below). 
The gain settings refer to the scale of the MBF-10 preamplifiers. These settings result in a recording level of about 50 – 70% of the maximum.

EXAMPLE: gain settings table for speaker recordings 

   microphone
    settings   

scenario
Sennheiser

ME104


Nokia Lavalier

HDC-6D


Sennheiser

ME 64


Haun 1

MBNM-

550 E-L

(medium distance)
Haun 2

MBNM-

550 E-L

(medium and far 

distance)
AKG

Q400

MK3 T
Peiker

ME15/

V520-1


Amp. 1


Amp. 2


Amp. 3


Amp. 3


Amp. 4


 Amp. 3
 Amp. 4



left channel
right channel
left channel
left channel
right channel
left channel
right channel


VXpocket #1:

Gain   0.0dB 
(Headroom + Nominal)
VXpocket Card 2 #1

Gain   - 8.0dB

(Headroom + Nominal)

Office and

entertainment
5
8
5

8far



Public places


“
“
“
8
6 medium



Children
“
“

“
8 far



Car
“
“



-
-

2.1.4 General points of attention

· Never switch on the Phantom Power supply of preamplifier 2 when the Nokia lavalier microphone is connected to it (i.e. +48V button of preamplifier 2 must not be pushed).


· Switch on the Phantom Power supply of preamplifier 2 only when a Haun microphone (room impulse response measurement) is connected to it.


· Do not use the preamplifiers for the Peiker and the AKG microphones, i.e. connect the appropriate XLR-plugs directly to the respective sound card.


· To avoid popping, mount the Sennheiser ME104 microphone at least 2 centimetres away from the corner of the mouth. It should never be in front of it.

· It is strongly recommended not to have GSM phones that are switched on near the recording system. Even in stand-by mode a GSM can cause EMI (Electro Magnetic Interference) resulting in disturbances in the recorded signal.


2.1.5 Experiences

· A few partners share the experience that results in the advice to enable the 80Hz filter on channel four for best signal quality.


2.2 Measurement set-up

When changing the recording location or when the microphone or speaker positions within a recording location are changed, a new measurement of the acoustics for this recording position is necessary. This means that the measurement equipment has to be set up and a measurement of the acoustics has to be carried out.

Note that a new measurement is also needed for each new recording position (i.e. also for all different positions in the same room / space) and also needs to be repeated for recording positions when switching from adults to children or vise versa. 

For recording this part of the session it is important that no other sound sources are present at the time of recording the noise sequence. The problem with environmental noise or changes in the room is that it will make our room estimation (impulse response) calculation bad.
! Some instructions are therefore very important:

· All persons present in the room must remain silent!

· Do not drop any things, do not close doors, do not speak, do not move, really stand still.

· Do not stand in front of the loudspeaker (not in the line between the loudspeaker and the microphone).

· For very noisy places, if you have the chance, wait for quite moments.

· Better repeat the recording until you get a reasonable good recording: if any noise event or change in the acoustic environment happens during the recording, then you should repeat this recording.

2.2.1 Applicable recording scenarios

a) Office and entertainment environment.

b) Public place environment.

c) Children environment.

2.2.2 Necessary equipment

· All equipment as described in “Basic equipment set-up”.

· Haun 1 and Haun 2 microphone.

· Both floor stands.

· Loudspeaker with microphone mounting and power supply cable.

· CD-player connected to the loudspeaker.

· I-dB meter.

2.2.3 Equipment set-up

a) Set-up the basic equipment as described in “Basic equipment set-up”.

b) Perform the noise measurement as described in D212 2.4.3.2

c) Perform the room impulse response measurement as described in D212 2.4.3.1 (only in case of a new position). Adjust the gain of amplifier 1 and 2 as defined by the tested values that are found with each delivered suitcase (see example below). 
The gain settings refer to the scale of the MBF-10 preamplifiers. These settings result in a recording level of about 50 – 70% of the maximum. 
With a noise level of 100dB (pink noise) at the loudspeaker, you will get a noise level between 79 and 82dB in the medium mounting area and between 73 and 76dB in the far mounting area. 

EXAMPLE: gain settings for room impulse response measurements

Haun 1

Position: Loudspeaker
Haun 2

Position : Medium & Far

Amp. 1


Amp. 2



VXpocket #1:

                     Gain   0.0dB (Headroom + Nominal)

1
6
(The gain setting for the medium position has to be kept for the far position!)

2.3 Office environment set-up

2.3.1 Applicable recording scenarios

a) Office environment

b) Entertainment environment

2.3.2 Necessary equipment

· All equipment as described in “Basic equipment set-up”.

· One Haun and the ME-64 microphone.

· A table stand and a floor stands.

· Cables.

2.3.3 Equipment set-up

a) Set-up the basic equipment as described in “Basic equipment set-up”.

b) Put up the ME64 in a ‘medium distance’ position. Connect it to amplifier 3.

c) Switch on the ME64, never use the integrated roll-off filter.

d) Put up the Haun in a ‘far distance’ position. Connect it to amplifier 4.

e) Adjust the gain of amplifier 3 and 4 as in “Basic equipment set-up”.

f) Have the speaker wearing the headset and the Nokia microphone, and adjust them.

g) Start recording a few prompts in test mode (just for checking the clipping indicators).

h) If no clipping occurs switch to record mode and start once more with the first prompt.

i) If clipping occurs adjust the appropriate gain and go on with g)
Remark: If the gain has been altered then one should not forget to adjust it back to the original setting before going on with recordings in other environments.

! Remark: 

One may decide to use the 80 Hz filter of the pre-amplifier (filter = ON) to reduce low frequency noise (e.g. fan). This will improve signal dynamics and may therefore also reduce clipping. Use of the filter is recommended for the most distant (e.g. far talk channel) channels. The disadvantage being that the corresponding lower frequency band is not recorded. In case an 80 Hz filter setting is selected, do not forget to leave the 80 Hz high-pass filter (integrated in the pre-amplifier) for this channel ON or OFF for the whole database (= for all speakers).

Public place environment set-up

2.3.4 Applicable recording scenarios

a) Public place environment

2.3.5 Necessary equipment

· All equipment as described in “Basic equipment set-up”.

· One Haun and the ME-64 microphone.

· Both big microphone stands.

· Two cable.

2.3.6 Equipment set-up

a) Set-up the basic equipment as described in “Basic equipment set-up”.

b) Put up the ME64 in a ‘medium distance’ position. Connect it to amplifier 3.

c) Switch on the ME64, never use the integrated roll-off filter.

d) Put up the Haun in a ‘medium distance’ position. Connect it to amplifier 4.

e) Adjust the gain of amplifier 3 and 4 as in “Basic equipment set-up”.

f) Have the speaker wearing the headset and the Nokia microphone, and adjust them.

g) Start recording a few prompts in test mode (just for checking the clipping indicators)

h) If no clipping occurs switch to record mode and start once more with the first prompt.

i) If clipping occurs adjust the appropriate gain and go on with g) 
Remark: If the gain has been altered then one should not forget to adjust it back to the original setting before going on with recordings in other environments.

! Remark: 

One may decide to use the 80 Hz filter of the pre-amplifier (filter = ON) to reduce low frequency noise. This will improve signal dynamics and may therefore also reduce clipping. Use of the filter is recommended for the most distant (e.g. far talk channel) channels. The disadvantage being that the corresponding lower frequency band is not recorded. In case an 80 Hz filter setting is selected, do not forget to leave the 80 Hz high-pass filter (integrated in the pre-amplifier) for this channel ON or OFF for the whole database (= for all speakers).

2.3.7 Experiences

· In conditions of strong wind use of a wind filter on the microphone may prove to be useful for improvement of the signal to noise ratio.

· For some public places permission is needed for doing recordings.

· In this type of environment special attentions must be given to the risk of having a clear signal from one or more speakers than the targeted speaker (who is wearing the close talk microphone).

2.4 Car environment set-up

2.4.1 Applicable recording scenarios

a) Car environment

2.4.2 Necessary equipment

· All equipment as described in “Basic equipment set-up”.

· The AKG microphone. 

· The Peiker microphone. 

2.4.3 Equipment set-up

a) Set-up the basic equipment as described in “Basic equipment set-up”.

b) Put up the AKG in a ‘medium distance’ position as defined for cars.

c) Connect the AKG via the phantom power device directly to the ’VXpocket Card 2 In #1’.

d) Put up the Peiker in a ‘medium distance’ position as defined for cars.

e) Connect the Peiker via the phantom power device directly to the ’VXpocket Card 2 In #1’
f) Adjust the gain of the ’VXpocket Card 2 In #1’ as in “Basic equipment set-up”.

g) Have the speaker wearing the headset and the Nokia microphone, and adjust them.

h) Start recording a few prompts in test mode (just for checking the clipping indicators)

i) If no clipping occurs switch to record mode and start once more with the first prompt.

j) If clipping occurs adjust the appropriate gain and go on with h) 
Remark: If the gain has been altered then one should not forget to adjust it back to the original setting before going on with recordings in other environments.

! Remark: 

One may decide to use the 80 Hz filter of the pre-amplifier (filter = ON) to reduce low frequency in-car noise. This will improve signal dynamics and may therefore also reduce clipping. Use of the filter is recommended for the most distant (e.g. far talk channel) channels. The disadvantage being that the corresponding lower frequency band is not recorded. In case an 80 Hz filter setting is selected, do not forget to leave the 80 Hz high-pass filter (integrated in the pre-amplifier) for this channel ON or OFF for the whole database (= for all speakers).

2.4.4 Notes concerning the AKG and Peiker microphones

· In case of clipping of the Peiker and/or AKG signals the gain of the corresponding VXpocket card has to be reduced (by the DIGIWMIX-mixer; VXpocket card 2 In #1). The recommend default setting is –8dB (‘-‘ means amplification). It can be reduced up to +10dB (‘+’ means attenuation). Other setting may be possible but will not work. For line signals the gain range of the VXpocket card is defined by +10....-8dB.
Further amplification (more than –8dB) of the signal is not possible.


· A different gain setting for the Peiker and AKG microphones should be noted within DESIGN.DOC (gain, session).


· In case of modifying the gain setting for the Peiker and AKG microphones do not forget to reset the gain to the default level after finishing the recordings.

2.4.5 Important safety instructions 

· ! Never disturb the driver. Her / his job is only to drive the car and he or she has no responsibilities for the recordings at all.  She or he should not be influenced be the recordings in any way.

· ! Fix the equipment properly avoiding endangering anyone by loose equipment which may injure persons in unexpected situations or in case of an accident.

2.4.6 Experiences

· If the software should hang or it is needed to restart it for another reason, it is recommended to check carefully which the last correctly recorded prompt was. This to ensure that no missing recording is the result of this event.

· Fixing the headset for the speaker sitting in a car must be executed very carefully. During the recording the stability and position of the headset must also be monitored further in order to prevent disturbances or bad signal quality. 

· The gain on the far microphone may need to be lowered from –8 dB to –4dB in order to prevent signals that are too strong (car on highway or bad road condition) and cause clipping.. 

2.5 Children environment set-up

2.5.1 Applicable recording scenarios

a) Children environment

2.5.2 Necessary equipment

· All equipment as described in “Basic equipment set-up”.

· Both Haun microphones.

· A little and a big microphone stand.

· Two cables.

2.5.3 Equipment set-up

a) Set-up the basic equipment as described in “Basic equipment set-up”.

b) Put up the first Haun in a ‘medium distance’ position. Connect it to amplifier 3.

c) Switch on the ME64, never use the integrated roll-off filter.

d) Put up the second Haun in a ‘far distance’ position. Connect it to amplifier 4.

e) Adjust the gain of amplifier 3 and 4 as in “Basic equipment set-up”.

f) Have the speaker wearing the headset and the Nokia microphone, and adjust them.

g) Start recording a few prompts in test mode (just for checking the clipping indicators).

h) If no clipping occurs switch to record mode and start once more with the first prompt.

i) If clipping occurs adjust the appropriate gain and go on with g)
Remark: If the gain has been altered then one should not forget to adjust it back to the original setting before going on with recordings in other environments.

Using the VXpocket cards and the Recording Studio software on the laptop

2.5.4 Starting up

· ! It is strongly recommend studying Speecon delivery ‘D212 V3.1 (post-final) Specification of Databases – Specification of recording scenarios’ and ‘D215 V2.6 (final version) Specification of Databases ( Specification of speakers’ before starting with any recordings.


· It is strongly recommend to disconnect the suitcase and the laptop from the mains power supply during the recordings. When not doing so this may result in distortions of the sound files.


· Always boot the laptop with only one VXpocket card (e.g. lower PCMCIA-slot). Insert the second card when Windows 98 is running (e.g. upper PCMCIA-slot).
Restart the DIGIWMIX.exe. If already running kill it before.
Adjust the gain settings of the VXpocket cards (via the DIGIWMIX.exe):

- VXpocket In #1:
Nominal =  0.0dB  Headroom =  0.0dB

- VXpocket card 2 In #1:  
Nominal = -8.0dB  Headroom =  0.0dB

Save these settings as default configuration.


· Connect the lower VXpocket card (present during boot time) to preamplifier 1 and 2. Connect the upper VXpocket card (plugged in after the boot) to preamplifier 3 and 4.
Channel assignment:


VXpocket card
Channel
-> Preamplifier
Channel
-> Preamplifier

lower slot
left cable
->
1
right cable
->
2

upper slot
left cable
->
3
right cable
->
4

· ! Check the channel assignments by a test recording 
The procedure described in the two topics above usually leads to the following driver assignment:


VXpocket card
Driver

lower slot
VXpocket In #1

upper slot
VXpocket card 2 In #1

  

Channel 0 should always have the highest SNR (headset). If not the recording studio indicates this by a pop-up-message pointing to a possible channel mismatch. In that case check the channel assignment. If it is wrong change the cables plugged into the VXpocket cards.


· Check the correct driver assignment before starting each recording session.


· The power save modus of a laptop may also change the driver assignment.


· Use keyboard keys for starting/stopping the recordings (push them gently), not the mouse buttons as their clicks can be heard and recorded.


· Proposed numbering scheme for ‘Session number’, ‘Speaker-Name’ and ‘Speaker-Id’.

The Numbering scheme is based on the names of the prompt sheets:
Adults
SA001.ent, .... SA550.ent 
Childs
SC001.ent, .... SC050.ent

E.g. for the sheet SANNN.ent for adults (SCNNN.ent for children) it is proposed to use:


Session number:
NNN

Speaker-Name:
SANNN

Speaker-Id:
XXX 

(= NNN; usually!!) 

NNN and XXX start getting different only when a speaker is recorded more than once. In that case the ‘Session number’ is set corresponding to the new prompt sheet. But the same ‘Speaker-Id’ as used for the first recording of that speaker has to be used.


· For the room impulse response recordings the following assignment is defined (D214-v3.0.doc):


Corpus identifier
Corpus contents

_01
Haun 2 microphone in medium position, loudspeaker in mid position

_02
Haun 2 microphone in medium position, loudspeaker in left position

_03
Haun 2 microphone in medium position, loudspeaker in right position

_04
Haun 2 microphone in far position, loudspeaker in mid position

_05
Haun 2 microphone in far position, loudspeaker in left position

_06
Haun 2 microphone in far position, loudspeaker in right position

          Note: Left and right refer to the direction the potential speaker is speaking to.

The corpus identifier defines the microphone and the loudspeaker position. This guarantees the correct assignment of the corresponding recordings to the medium or far position.

2.5.5 Speaker Registration

· Take care to chose the same scenario in the ‘New SAM 6.1 Speaker Registration’ (below, right) menu as chosen before in the ‘Scenarios’ (below, left) menu. If not doing so incorrect values for the SAM-labels will be assigned in the SAM-label-files.

E.g.
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· Do not forget to set the DRV resp. the AUD label for the Car- and the Entertainment scenario.


2.5.6 Warnings and messages

· When not starting a session by the room impulse response recordings followed by the silent word recording, warning messages will pop up indicating that these recordings may be needed. 


· A warning message will pop-up if channel 0 (headset) has an lower SNR as any other channel. This may indicate a channel mismatch. Check the channel assignment. If necessary repeat the recording.

For the ‘silent word’ recording this warning is expected to pop up nearly always due to no speech is recorded. I.e. just ignore this message in that case. 
 
Beside the pop-up message, a red ‘light’ beneath the level control of the affected channel also indicates the warning. 
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· Warning messages will pop up if the Recording Studio is not able to distinguish between noise and speech (unable to compute SNR). This may indicate a technical problem (e.g. broken connection) with a channel. Check the hardware. If necessary repeat the recording.
(The warning is also indicated by a red ‘light’ beneath the level control of the affected channel)


· In noisy environments (some car scenarios) it may happen that the minimum dBA-level as specified for channel 0 (headset) will never (or quite often not) be reached. This may also occur when very weak voices (of children) are recorded in a quiet environment. To avoid being constantly forced to confirm the warning messages produced by the Recording Studio it may be reasonable to switch off this feature for the actual scenario. Menu: ‘File->Options->Wave check default warning levels->Show Errormessages’. A SNR below 15dBA for channel 0 will still be indicated by a red ‘light’ beneath the level control of channel 0. One can also get to the same options when right clicking the coloured blocks of the volume indicator.


· A warning message will pop up if clipping occurs. If this occurs you must repeat the recording 


· When closing a recording session without having recorded all entries given by the prompt sheet a warning pops up indicating the number of not recorded items. 
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· In the case of skipping the room impulse response recordings (due to the fact that they were already recorded for an other speaker or that they are not desired) a corresponding message always pops up. The same is valid for not recorded items of the section ‘free spontaneous speech’ (time limit!).

3 Post-processing

3.1 SAM-label files

3.1.1 MIP and MIT labels

At the Nuremberg meeting it was decided that the SAM-label-files referring to room impulse response recordings (corpus identifier _0[1-6]) need to be post-processed regarding the labels: MIP and MIT

E.g. in the case of a office scenario the entry in the SAM-label-file looks like:

MIP: CHN0=CLOSE_HEADSET,CHN1=CLOSE_LAVALIER,CHN2=MEDIUM,CHN3=FAR
MIT: CHN0=SENNHEISER_ME104,CHN1=NOKIA,CHN2=SENNHEISER_ME64,CHN3=MBF_HAUN

For recordings corresponding to the corpus identifier _0[1-3] it need to be changed to:

MIP: CHN0= CLOSE_LOUDSPEAKER,CHN1= MEDIUM,CHN2=,CHN3= 
MIT: CHN0= MBF_HAUN,CHN1= MBF_HAUN,CHN2= ,CHN3= 

For recordings corresponding to the corpus identifier _0[4-6] it need to be changed to:

MIP: CHN0= CLOSE_LOUDSPEAKER,CHN1=FAR,CHN2=,CHN3= 
MIT: CHN0= MBF_HAUN,CHN1= MBF_HAUN,CHN2= ,CHN3= 



4 Annotation

4.1 Noise annotation

· Noise should only be annotated when it is not typical for the defined environment.

· A noise should only be annotated if one can hear it the first two passes of listening to the signal e.g. speaker noises.
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