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Abstract

This paper presents a speech-based web application devel-
oped for retrieving the price of agricultural commodities and
weather related information in Assamese language. The price
of agricultural commodities are retrieved from AGMARKNET
website while the weather related informations are extracted
from the IMD website. Both these websites are updated on a
daily basis by the Government of India. The back-end of the
application consists of automatic speech recognition (ASR)
modules developed using state-of-the-art acoustic modeling
approaches. Word error rates (WERs) of 7.79% and 4.98% are
achieved for commodity and district names respectively.

Index Terms: speech application, Assamese language, ASR

1. Introduction
Voice query mediated agriculture commodity price and weather
information systems are of utmost importance to farmers in an
agrarian economy based country like India. Hence, in the recent
past attempts were made to implement such systems through
toll free phone numbers, where, the information is provided to
a user in his or her native language [1]. However, in the last
few years, increase in the use of smart phones, tabs and com-
puters by the common people of India demanded that some of
such voice query based systems are available for public dissem-
ination. At the same time with the emphasis on e-governance
and digital India initiatives, information kiosks are also set up
in public areas. Considering these developments, there is a need
to adapt the systems, originally designed for over the phone line
applications, to web based applications. At the same time, such
adaptation should not incur any new expenses in terms of new
system building.

In this work we demonstrate a web based interface devel-
oped for a voice query based information retrieval system in
Assamese, built on a system originally for use over phone lines.
We demonstrate that the voice query systems intended for over
the phone usage can be seamlessly integrated into a web based
platform. While this system is integrated into a voice over in-
ternet protocol system, potential issues related to channel mis-
match, unfamiliar noise profile etc. are handled effectively and
they bear no negative consequences to system performance.

The rest of the work is organized as follows. Section 2 re-
ports the experimental setup and results, Section 3 details the
application design and Section 4 concludes the work.

2. Experimental Setup and Results
This section discusses the experimental setup used for devel-
oping the back-end ASR systems for recognizing the names of
agricultural commodities and districts of Assam. All the exper-
imental evaluations are performed using Kaldi speech recogni-
tion toolkit [2].

The speech corpus used in this work is collected over mo-
bile channel from native Assamese speakers in actual field con-
dition. In order to capture the dialectal variations, the speech
data is collected from different districts of Assam. The data
collection activity can be segmented into 3 different compo-
nents. The first component involves collection of 30 hours of
isolated commodity and district names from 885 speakers [1].
The vocabulary size of commodity names is 109 while that of
district names is 27. The second component involves collec-
tion of 3 hours of phonetically balanced sentences spoken by
25 speakers [3]. The third component involves collection of ad-
ditional 5658 speech files spoken in continuous manner from 27
speakers [4]. Since the speech files are recorded in actual field
conditions, some interfering background noise is also recorded
in addition to the desired foreground speech. In order to sepa-
rate the foreground speech from the background noise, we have
employed the zero frequency filtered signal (ZFFS) based tech-
nique as reported in [5]. The foreground segmented speech
signal is analyzed using a Hamming window of 25 ms frame-
size and 10 ms frame-shift with a pre-emphasis factor of 0.97.
Using 21-channel filter bank, 13 dimensional Mel frequency
ceptral coefficients (MFCC) base features (C0-C12) are com-
puted. In order to capture the dynamic characteristics of the
speech signal, the static MFCC feature vectors are spliced in
time with 4 frames to the right and 4 frames to the left of the
central frame thereby making the feature vector dimension of
117 (13 × 9). Using linear discriminant analysis (LDA), the
117 dimensional feature vector is reduced to 40 which are fur-
ther decorrelated using maximum linear likelihood linear trans-
formations (MLLT).

The current work explores two different acoustic modeling
techniques. The first technique involves the conventional con-
text dependent Gaussian mixture model (GMM) based system
while the second one involves Karel’s implementation of deep
neural network (DNN). In order to increase the flexibility of
the ASR system, we have employed the task specific modified
language model as reported in our previous work [1]. The de-
veloped models are evaluated on two test sets : commodity test
set and district test set. The commodity test set comprises of
2552 utterances of isolated commodity names collected from
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Figure 1: District name recognition

275 speakers while the district test set consists of 1125 utter-
ances of isolated district names. The results obtained in the ex-
perimental evaluations are shown in Table 1. It is observed that
relative improvements of 24.44% and 3.48% in WER are ob-
tained in commodity and district name recognition respectively
in the DNN based system as compared to the GMM based sys-
tem.

Table 1: % WER for the two acoustic modeling approaches em-
ployed in the development of the ASR system

Acoustic Modeling
Technique

% WER
Commodity District

GMM-HMM 10.31 5.16
DNN-HMM 7.79 4.98

3. Application Design
The web based speech application is designed to retrieve the
price of 109 agricultural commodity names and 27 districts of
Assam. On loading the URL of the application, a welcome
prompt greets the user. The system first prompts the user to
tell the name of the desired district. On successful recognition
of the district name, the system prompts the user to make the
decision for commodity price information or weather related
information. If the user wishes to know the price of agricul-
tural commodities, the system prompts the user to tell the name
of the desired commodity name. On successful recognition of
the commodity name, the system checks the district-commodity
combination in the database and displays the available modal
price of the desired commodity in the desired district. On the
other hand, if the user wishes to know weather related informa-
tion, the system checks for current day and next 4 days weather
related information in the database and displays the available
information for the desired district. The price information of
the agricultural commodities are crawled from AGMARKNET
website while the weather related information are crawled from
the IMD website. Snapshots of district name recognition and
commodity name recognitions are shown in Figure 1 and Fig-
ure 2 respectively.

4. Conclusion
This work demonstrates that the existing speech recognition
systems for voice query based information retrieval, designed

Figure 2: Commodity name recognition

to be used over phone lines, can be seamlessly integrated into
a web interface. Even the same system can be simultaneously
used by a phone line and a web interface with affecting its per-
formance. The demonstrated web based systems can be imple-
mented on public kiosks for users to retrieve information in their
native languages.
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