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Preface

Speech and music are two prominent research areas in the domain of audio signal processing. With
recent advancements in speech and music technology, the area has grown manifolds, bringing together
the interdisciplinary researchers of computer science, musicology and speech analysis. The languages
we speak propagate as sound wave through various media and allow communication or entertainment
for us, humans. The music we hear or create can be perceived in different aspects as rhythm, melody,
harmony, timbre, or mood. The multifaceted nature of speech or music information requires algorithms,
systems using sophisticated signal processing, and machine learning techniques to better extract useful
information. This workshop will provide both profound technological knowledge and a comprehensive
treatment of essential topics in speech and music processing.

Recent computational advancement has opened up several avenues to explore further the domain of
speech and music. A deep understanding of both speech and music in terms of perception, emotion,
mood, gesture and cognition is in the forefront, and many researchers are working in these domains.
In this digital age, overwhelming data have been generated across the world that requires efficient
processing for better maintenance, retrieval, indexing and querying. Machine learning and artificial
intelligence are most suited for these computational tasks.

The SMP-2021 workshop was organized with the following objects: (i) to bring researchers and
developers together who work on speech and music domain. (ii) to provide a platform for researchers to
discuss speech prosody, Indian as well as western music and (iii) to encourage researchers to collaborate
and create more annotated resources.

Technical Session:
The SMP-2021 workshop received nine submissions by authors from India, China, Canada, and Ireland.
Each paper was reviewed by 2-3 experts. Based on reviewers’ comments, six papers were accepted for
presentation at the workshop. However, five papers were presented during the workshop session.

The accepted and presented papers include a variety of topics from both speech and music processing
domains. Two papers covered speech emotion recognition in multimodal context and speech prosody in
Hindi language. While three papers covered music, out of which two papers presented language, artist
and melody identification from Indian classical music and one paper discussed about Dorabella Cipher
as western music context.
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30 publications in various IEEE conferences/other reputed conferences and in Book Chapters. She had
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from Dr. Babasaheb Ambedkar technological university, Lonere, Maharashtra, 2014,"Young Scientist
Award”, Venus International foundation, Chennai 2015. Awarded for major contribution in research
during PhD, "Rastriya Gaurav Award”, India International Friendship Society, New Delhi 2015. She
was also recipient of "Bharat Excellence Award”, "Best Golden personalities Award”, "Global Award
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reviewed many papers in International conferences and Journals.
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