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This paper introduces a new approach in speech compression through advanced 
attention mechanisms, integration of LSTM, and dual-branch conformer 
structures for optimizing codec efficiency. The study focuses on five research 
questions, which are: intra-inter broad attention, multi-head attention networks, 
LSTM for sequence modeling, redundancy elimination, and comparative 
performance of IBACodec against traditional codecs. The study uses a 
quantitative methodology with performance metrics that include bitrate 
efficiency and quality evaluation. Results confirm that IBACodec significantly 
enhances context awareness, compression efficiency, sequence modeling, and 
redundancy elimination compared to existing solutions. These findings position 
IBACodec as a leading solution for speech compression. Further research is 
needed to explore real-time applications and broader datasets. 
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1.​ Introduction 
This section presents the challenges of speech compression, particularly the inefficiencies of 
existing neural speech codecs in exploiting previous speech sequences. The core research question 
revolves around optimizing speech codec efficiency using an end-to-end approach. Five 
sub-research questions have been investigated, namely: How efficient is intra-inter broad attention 
in speech context capturing, the performance of multi-head attention networks in codec 
improvements, LSTM integration for performance enhancement of speech sequence models, 
efficacy of the proposed dual-branch conformer in redundancy removal, and finally how IBACodec 
outperforms or compares to traditional codecs. The study uses a quantitative approach to analyze 
the relationship between key variables such as attention mechanisms, LSTM, dual-branch 
conformer, and codec performance metrics. The paper progresses through a literature review, 
methodology outline, presentation of findings, and discussion of theoretical and practical 
implications, highlighting IBACodec's advancements over existing solutions in speech 
compression. 

2.​ Literature Review 
This chapter reviews the literature in existing speech codec optimization research and highlights 
five new core areas obtained based on the sub-questions from the introductory section: intra-inter 
broad attention's context capturing, multi-head attention networks' performance enhancement, 
LSTM's impact on sequence modeling, dual-branch conformer's redundancy elimination, and 
IBACodec's comparative performance. The analysis is shown to contain areas such as insufficient 
long-term context analysis, inadequate LSTM integration within codecs, deficiency of redundancy 
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removal strategies, and lack of wide-ranging performance comparisons. Each section formulates a 
hypothesis based on the relationship between the variables. 

2.1​ Intra-inter broad attention in speech context 
Initial studies focused on basic attention mechanisms in speech codecs, showing minimal context 
awareness and short-term improvements. Later research introduced more complex attention 
structures, showing enhanced context capture but lacking scalability for broader applications. The 
most recent studies attempt to integrate broader context analysis but still fall short in fully utilizing 
intra-inter frame relationships. Hypothesis 1: Intra-inter broad attention mechanisms significantly 
improve context awareness and compression efficiency in speech codecs. 

2.2​ Enhancing Multi-Head Attention Networks 
Multi-head attention in codecs has earlier been viewed as an ideal structure that can support parallel 
processing but with mediocre performance gains. Later, improved network structures were 
proposed, but optimal head interactions have been more challenging to establish. Head interactions 
have since been more refined but with the struggle of maintaining efficiency and simplicity. 
Hypothesis 2: Speech codec networks significantly improve in performance from multi-head 
attention networks optimizing parallel processing.  

2.3​ LSTM in Speech Sequence Modeling 
Initial studies focused on LSTM in speech modeling, which depicted its power in capturing 
temporal dependency but proved to be costly in computation. Subsequent studies have combined 
LSTM with other parts of the coder, leading to better sequences but cannot be used real-time. The 
latest tries to optimize the integration process of LSTM but fails in efficient resource utilization. 
Hypothesis 3: LSTM integrated into speech codec improves the sequence modeling in capturing 
temporal dependency. 

2.4​ Dual-Branch Conformer and Redundancy Elimination 
Early research on redundancy removal was based on simple algorithms, which were not highly 
successful in complex speech signals. Mid-term research presented more complex models, and 
redundancy removal was slightly better, but the diversity of signal types was not considered. 
Recent research suggests using conformer-based structures, but there is still a gap in achieving 
robust redundancy removal across different datasets. Hypothesis 4: Dual-branch conformer 
structures are effective for removing redundant information in speech codecs, thus improving 
compression efficiency. 

2.5​ Comparative Performance of IBACodec 
Initial evaluations compared basic codecs, highlighting significant limitations in bitrate efficiency 
and reconstruction quality. As new models emerged, comparisons became more detailed, yet often 
lacked comprehensive datasets for robust assessments. Recent studies attempt broader comparisons 
but still fall short in demonstrating consistent performance across bitrates. Hypothesis 5: IBACodec 
outperforms traditional speech codecs in both subjective and objective quality metrics across 
various bitrates. 

3.​  Method 

This section describes the quantitative methodology adopted to test the hypotheses surrounding the 
efficiency of IBACodec. It includes descriptions of data collection procedures, variables examined, 
and statistical analyses employed in order to inspect every performance-related aspect of the 
suggested model. 

3.1​ Data 
Data for this paper are gathered through thorough testing on different speech datasets such as 
LibriTTS and LJSpeech. The collection process involves sampling speech signals at a 24 kHz rate, 
thereby ensuring a wide range of speech types and conditions. Data collection spans multiple 
codecs for comparative analysis, focusing on performance metrics such as bitrate efficiency, 
reconstruction quality, and redundancy elimination. Stratified sampling ensures diverse 
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representation, while sample screening criteria prioritize high-quality, noise-free recordings to 
maintain consistency in evaluation. 

3.2​ Variables 
Independent variables comprise specific design features of IBACodec, namely intra-inter broad 
attention mechanisms, multi-head attention networks, LSTM integration, and dual-branch 
conformer structures. Dependent variables concentrate on performance metrics, namely objective 
quality improvements (ViSQOL, LLR, CEP), subjective evaluations, and bitrate efficiency. Control 
variables comprise types of datasets, codec configurations, and environmental conditions which are 
significant in isolating the effects of IBACodec's features. Previous codec evaluations literature is 
referenced to justify the measurement methods used in analyzing these variables. 

 

3​ Results 
This section reports the results of rigorous testing of IBACodec against traditional codecs across 
different bitrates and datasets. Descriptive statistics summarize the performance distributions, and 
regression analyses verify the hypotheses. Results show substantial improvements in compression 
efficiency and quality metrics, which supports the effectiveness of the design innovations of 
IBACodec. 

 

4.1  Intra-Inter Broad Attention Efficiency 
This result confirms Hypothesis 1, showing that intra-inter broad attention mechanisms 
substantially improve context awareness and compression efficiency in speech codecs. 
Performance analysis of the codec on different datasets shows substantial improvements in context 
capture and higher accuracy in representing the speech signal. The two key variables are attention 
mechanism designs and context awareness metrics. Empirical significance is that broad attention 
allows more accurate reconstruction of the signal, which is in accordance with theories of improved 
utilization of context. This finding fills in gaps in previous studies as it demonstrates the 
effectiveness of integrated attention mechanisms in optimizing codec efficiency. 

 

4.2  Impact of Multi-Head Attention Networks 
This finding supports Hypothesis 2, as multi-head attention networks have been shown to 
significantly improve speech codec performance. The detailed analysis of codec efficiency reveals 
improved parallel processing capabilities, which results in faster and more accurate signal 
compression. Key variables include network architecture designs and processing metrics. Empirical 
significance underlines the role of multi-head structures in the optimization of codec performance, 
fitting well with theories of parallel processing. This finding closes gaps in understanding the 
multi-head attention's impact on codec efficiency and underlines its potential for scalable design of 
codecs. 

 

4.3  LSTM's Role in Sequence Modeling 
This finding confirms Hypothesis 3; LSTM integration is positive regarding sequence modeling in 
speech codecs. Analysis demonstrates enhanced temporal dependency capture and leads to more 
accurate signal representation. Key variables include LSTM configuration and sequence accuracy 
metrics. Empirical significance supports the role of LSTM in improving sequence modeling, 
aligning with theories of temporal dependency capture. This finding addresses prior research gaps 
by illustrating LSTM's effectiveness in enhancing codec sequence modeling, underscoring its 
importance in complex speech signal processing. 
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4.4 Dual-Branch Conformer Efficacy 
This finding supports Hypothesis 4, showing that dual-branch conformer structures work to remove 
redundant information within speech codecs. Analysis across datasets shows that redundancy 
removal is significantly improved, leading to higher compression efficiency. The variables of 
interest are conformer design and redundancy metrics. Empirical significance points out the role of 
dual-branch structures in optimizing redundancy elimination, consistent with theories of advanced 
signal processing. This result fills gaps in previous studies by demonstrating the effectiveness of 
the conformer in a variety of signal environments, emphasizing its potential for robust codec 
design. 

4.5 IBACodec's Comparative Performance 
This finding supports Hypothesis 5, which focuses on IBACodec's superiority in performance over 
traditional codecs. Analysis of subjective and objective quality metrics at various bitrates shows 
that IBACodec has significant improvements in both subjective and objective quality metrics, 
outperforming existing solutions. Key variables include codec design features and quality metrics. 
Empirical significance underscores the role of IBACodec in advancing codec technology, thus 
aligning with theories of integrated codec design. This conclusion fills in the gaps found in 
previous research and demonstrates IBACodec's consistency across bitrates, indicating potential for 
wide use in speech compression. 

 

 
5.​ Conclusion 
This paper summarizes the findings about IBACodec innovations in speech codec efficiency by 
emphasizing its role in improving context awareness, processing capabilities, sequence modeling, 
redundancy elimination, and overall performance compared to traditional codecs. Such results 
position IBACodec as one of the leading solutions in speech compression technology. However, 
limitations include potential biases in dataset selection and the need for real-time testing 
environments. Future research should explore broader datasets and real-time applications to further 
validate IBACodec's effectiveness. Additionally, examining the integration of emerging 
technologies into codec design could provide deeper insights into future advancements in speech 
compression. By addressing these areas, future studies can expand the understanding of how 
innovative codec designs contribute to efficient speech compression across different contexts. 
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