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Raw Audio

Transcription in MultiChan

Resulting Transcription

• from IDIAP SmartMeeting Room
• mix channel + individual channels

• goes through a verification process

• then used to do supplementary 
annotation

Pre-segmentation and 
XML conversion

Recommendations and future work

The Process

• is an XML file

• may need to be reformatted 

• follows ICSI transcription guidelines
• done manually

Suggested steps in transcription

Transcription

MultiChan

• ICSI modified 
version of the 
Transcriber tool [3]

• Allows transcription 
of several speech 
channels at once

• Allows manipulation 
of several audio 
channels at once 

1.First pass (on mix channel with some input from 
individual channels)

• Listen only to sections that have been marked as 
non-silent by pre-segmentation process 

• Adjust boundaries of such sections as necessary 
and transcribe speech  (using the ICSI annotation 
guidelines described in [2])

2. Second pass (on individual channels only)

• Listen to silent sections to ensure that they are in 
fact silent

• Listen to already transcribed non-silent sections

• Verify transcription content (spelling, 
conventions) and boundaries

• two-step process

[1] Extensions to Transcriber for Meeting Recording Transcriptions. http://www.icsi.berkeley.edu/~gelbart/channeltrans.html
[2] J. Edwards. Meeting Recorder Project: Transcription Methods. http://www.icsi.berkeley.edu/Speech/mr/mtgrcdrtrans.html
[3] T. Pfau, D. Ellis, and A. Stolcke, “ Multispeaker Speech Activity Detection for the ICSI Meeting Recorder “
Proceedings Automatic Speech Recognition and Understanding Workshop (ASRU), Trento, Italy, December 2001.

[4] Transcriber: a tool for segmenting, labeling and transcribing speech. http://www.etca.fr/CTA/gip
[5] G. Lathoud, I.A. McCowan and J.M. Odobez, "Unsupervised Location-Based
Segmentation of Multi-Party Speech", in Proceedings of the 2004 NIST
ICASSP Meeting Recognition Workshop 

• 4 meetings (average length of 30 minutes each )   
transcribed  so far using this methodology
• results are from a single transcriber
• all transcriptions done using Multichan tool
• ratio: minutes of transcription time per minute 

of meeting (rounded)
• expert: someone who has done at least one 
transcription of a 30 minute meeting.

Results of transcription experiments
PresegmentedNon-Presegmented

Overall  - 17:1
1st pass  - 10:1 

2nd pass  - 7:1

Overall  - 17:1
1st pass  - 10:1 

2nd pass  - 7:1
Expert

Overall  - 28:1
1st pass  - 20:1

2nd pass  - 7:1

Overall  - 29:1
1st pass  - 16:1

2nd pass  - 12:1 
Novice

General conclusions and observations
• Multichan tool seems easier and more efficient to use  than standard Transcriber (subjective experience).
• Using pre-segmented files makes the process seem easier and less daunting (subjective experience).
• Amount of cross-talk in individual meetings, and the type of meeting, could be impacting the apparent 
utility of using pre-segmentation.
• The accuracy of results when using pre-segmented and non pre-segmented files needs to be examined.

A new corpus of multimodal meetings is currently being recorded in the IDIAP smart meeting room. Researchers require good quality, accurate speech transcriptions of these meetings.  
The possibility of outsourcing the task of transcription is being investigated, however, internal transcription efforts on the new corpus have started. The first of these is being carried out by 
IM2.MDM in collaboration with IDIAP. Here, we explain how we have adapted and applied the transcription methodology developed at ICSI [1,2], to start to transcribe the meetings in the new 
meeting corpus. The major differences between the ICSI methodology and the one used here are the use of a different pre-segmentation system, and simultaneous transcription of all channels. 
This methodology creates a word-level, time-stamped transcription that also includes speaker IDs and allows for information about non-verbal events.

Overview
Word-level transcripts are produced in MultiChan [4] 
(see below), where each channel of audio (1 per 
speaker) is transcribed simultaneously. The start and 
end times of each utterance are marked for each 
speaker, which means that overlapping speech is not 
lost. Additional information such as interrupted words 
(-), pauses and non speech (..) etc are also noted.

This work was carried out in the framework of the Swiss National Center of Competence in Research (NCCR) on Interactive Multimodal Information Management (IM)2. The NCCR is managed by the Swiss National Science Foundation on behalf of the Federal Authorities.

Speech/silence
Pre-segmentation

Goal:
Speech/silence segmentation for each channel,
which implicitely allows overlaps.

Implementation:

For each meeting:

1.Energy computation

• Divide into time frames (10 to 20 ms)
• Compute energy for each (time frame, channel)
• Normalize within each channel

2. Frame-level analysis

Within a frame, a channel is active when

it has the highest energy 
and

its energy is above a threshold.

No crosstalk issue.
Threshold obtained from the data itself.

3. Segmentation

Within each channel independently,
low-pass frame-level decisions 
to produce speech/silence segments.

Overlaps allowed.

Notes:

• Low-cost process, no extensive training
• Zero-Crossing Rate could not be used 
in the context of meetings (e.g. note-taking)
• Process formally evaluated in [5]    
• A script is used to convert the results of the pre-
segmentation process into an xml file that is directly 
readable by the MultiChan tool. (Script was written by 
Maël Guillemot of IDIAP)

• energy from each channel
• low-cost, automatic
• no crosstalk issue

The following recommendations are based on the subjective and objective findings of this work:

• Transcribers need to be trained, as this leads to reductions in transcription times. A training document
for transcribers, including shortcuts and tips for Multichan is currently being written.

Factors such as familiarity with participant voices and the subject will impact transcription times.

• The absolute minimum time to produce the most basic speech transcription is 10 times real time. To
produce a quality, accurate speech transcription takes at least 17 times real time. 

• While currently pre-segmentation of the audio does not appear to increase efficiency, the development 
of a mixed audio file which is biased to the current speaker may help.

• More extensive testing, using different meeting types and a variety of transcribers, needs to be 
performed to more accurately asses the influence of using pre-segmented files in the transcription 
process.

• Sample 
of          
MultiChan
output 
XML file 


