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Abstract
This paper introduces octave_ffmpeg_free, an open-source package that extends GNU Octave's capabilities by providing a wide range of multimedia processing functions based on FFmpeg. The package offers versatile tools for audio and video manipulation, analysis, and creative applications, making it particularly valuable for researchers, developers, and content creators working in multimedia processing domains.

1 Introduction
The octave_ffmpeg_free package represents a significant contribution to the GNU Octave ecosystem, bridging the gap between scientific computing and multimedia processing. By leveraging FFmpeg's powerful capabilities, this package enables users to perform complex audio and video operations within the familiar Octave environment.

2 Package Architecture
2.1 Core Dependencies
GNU Octave
FFmpeg (free version)
Associated multimedia libraries
Visulization libraries

2.2 Audio Processing Categories
Open and Read Audio File: Use avformat_open_input() to open the audio file, avformat_find_stream_info() to retrieve stream information, and av_find_best_stream() to find the best audio stream.
Decode Audio: Use avcodec_find_decoder() to find the appropriate decoder, avcodec_open2() to open it, and av_read_frame() to read frames from the audio file. Decode each frame using avcodec_send_packet() and avcodec_receive_frame().
Process Audio: Convert the decoded audio data to the desired format and sample rate using swr_convert() from libswresample if necessary. Apply any desired audio processing algorithms (e.g., normalization, filtering) to the audio data.
Encode Audio: Use avcodec_find_encoder() to find the appropriate encoder, avcodec_open2() to open it, and avcodec_send_frame() and avcodec_receive_packet() to encode frames.
Write Encoded Audio: Use av_interleaved_write_frame() to write encoded packets to an output file (if encoding) or directly write processed PCM data to a file (if not encoding).
Cleanup: Free allocated resources and close opened files.

2.3 Video Processing Categories
Open Input File: Use avformat_open_input() to open the input video file and retrieve its format context. Use avformat_find_stream_info() to retrieve stream information.
Find and Open Codec: Iterate through the streams in the format context to find the video stream. Use avcodec_find_decoder() to find the corresponding codec and avcodec_open2() to open the codec.
Read and Decode Frames: Use av_read_frame() to read frames from the input file. For each frame, check if it belongs to the video stream. If so, use avcodec_send_packet() to send the packet to the decoder and avcodec_receive_frame() to retrieve the decoded frame.
Process the Frames: Process the decoded frames as needed. This could involve frame manipulation, filtering, or other forms of video processing.
Encode Processed Frames: Initialize an encoder context, send frames to the encoder using avcodec_send_frame(), and retrieve encoded packets using avcodec_receive_packet().
Write Encoded Packets to Output File: If encoding is involved, use avformat_alloc_output_context2() to create an output format context, avformat_new_stream() to add a new stream, and av_interleaved_write_frame() to write the encoded packets to the output file.
Cleanup: Cleanup the resources by closing codecs, formats, and freeing allocated memory.

2.4 Metadata Management Categories
Open the Media File: Use avformat_open_input() to open the media file and obtain its AVFormatContext. This context contains information about the file, including its streams and metadata.
Retrieve Metadata: Once the AVFormatContext is obtained,  access the global metadata using av_dict_get() on the metadata field of the AVFormatContext. Metadata entries are stored as key-value pairs in an AVDictionary.
Modify Metadata: Use av_dict_set() to add or update entries in the AVDictionary. Note that some metadata fields may be read-only or have specific formatting requirements.
Apply Changes: Set the metadata in the output AVFormatContext before writing any packets. FFmpeg will automatically write the metadata to the output file header.
Cleanup: Cleanup any allocated resources and close the media file using avformat_close_input().

2.5 Media Analysis Categories
Open the Media File: Use avformat_open_input() to open the media file and obtain an AVFormatContext. This context contains information about the file, including its streams, formats, and codecs.
Retrieve Stream Information: Use avformat_find_stream_info() to retrieve detailed information about the streams within the media file. This function populates the AVFormatContext with stream-specific information.
Iterate Through Streams: Iterate through the streams in the AVFormatContext using av_dump_format() (for debugging and information purposes) or by directly accessing the streams array. For each stream, use functions like avcodec_parameters_to_context() to get a codec context and examine its properties.
Analyze Stream Properties: For each stream, analyze its properties such as codec type (AVMEDIA_TYPE_VIDEO, AVMEDIA_TYPE_AUDIO, etc.), codec ID, bit rate, width, height (for video streams), sample rate, channel layout (for audio streams), and more.
Extract Additional Information: Use other FFmpeg functions to extract additional information such as frame rates (av_stream_get_r_frame_rate()), durations (AVStream.duration converted to seconds using AV_TIME_BASE), and start times.
Cleanup: Cleanup any allocated resources and close the media file using avformat_close_input().

3 Audio Processing Capabilities
3.1 Audio Manipulation
Cutting and splicing audio segments
Open the Input Audio File: Use avformat_open_input() to open the input audio file and obtain an AVFormatContext. This context will provide information about the file's streams, formats, and codecs.
Retrieve Stream Information: Use avformat_find_stream_info() to gather detailed information about the audio streams within the input file. This function populates the AVFormatContext with necessary stream-specific details.
Find the Audio Stream: Iterate through the streams in the AVFormatContext to locate the audio stream. Identify it by checking the stream's codec type (AVMEDIA_TYPE_AUDIO).
Decode Audio Packets: Use avcodec_find_decoder() to find the appropriate decoder for the audio stream's codec, then initialize it using avcodec_open2(). Next, read and decode audio packets from the input file using av_read_frame() and avcodec_send_packet()/avcodec_receive_frame().
Cut and Splice Audio Segments: Implement process logic to cut and splice segments based on specified start and end times or other criteria. This may involve writing decoded frames to different output files or concatenating them in memory.
Encode the Processed Audio: Initialize an encoder using avcodec_find_encoder() and avcodec_open2(), then encode the frames and mux them into an output container format using av_interleaved_write_frame().
Write the Output File: Use avformat_alloc_output_context2() to create an output context, set up output streams, and write headers. Then, write the encoded packets to the output file.
Cleanup: Close all opened files, flush encoders, and free any allocated resources.

Audio frame processing
Open the Input Audio File: Use avformat_open_input() to open the input audio file and retrieve an AVFormatContext that contains information about the file's streams, formats, and codecs.
Retrieve Stream Information: Populate the AVFormatContext with detailed stream information using avformat_find_stream_info().
Find the Audio Stream: Iterate through the streams in the AVFormatContext to locate the audio stream. Checking the stream's codec type (AVMEDIA_TYPE_AUDIO).
Initialize the Audio Decoder: Use avcodec_find_decoder() to find the decoder for the audio stream's codec, and then initialize it using avcodec_open2().
Read and Decode Audio Packets: Use a loop to read audio packets from the input file using av_read_frame(). For each packet, send it to the decoder using avcodec_send_packet(), and then receive decoded frames using avcodec_receive_frame().
Process the Decoded Audio Frames: This Process may involve applying filters, modifying sample data, performing analysis, or any other custom operations.
Encode and Mux Processed Frames: Initialize an encoder using avcodec_find_encoder() and avcodec_open2(), then encode the frames and mux them using av_interleaved_write_frame().
Cleanup: After processing, close the input file, flush the encoder (if used), free allocated resources, and cleanup any remaining FFmpeg structures.

Sample rate conversion
Set Up Resampler Context: Create a resampler context specifying the input and output parameters.
Prepare Buffers: Allocate buffers for input and output audio data.
Fill Input Buffer and Perform Resampling: Fill the input buffer with audio data and then perform the resampling.
Process Output Data: process or write this data as needed.
Cleanup: Close the input buffer, output buffer and avresample.

Channel mixing and remixing
Find the Audio Stream: Iterate through the streams in the input format context to find the audio stream using av_find_best_stream().
Decode the Audio: Use avcodec_find_decoder() to find the appropriate decoder for the audio stream. Open the codec context with avcodec_open2(). Read packets from the input file using av_read_frame() and decode them using avcodec_send_packet() and avcodec_receive_frame().
Channel Mixing and Remixing: Use libswresample to convert or remix the audio channels. Configure SwrContext using swr_alloc_set_opts() with the desired output channel layout and sample format. Initialize the resampler context with swr_init().
Resample the Audio: Use swr_convert() to convert the decoded audio frames to the desired channel configuration.
Encode or Save the Output: Set up an encoder using avcodec_find_encoder(). Configure and open the encoder context. Encode the resampled frames and write the encoded packets to an output file. Alternatively, save the processed PCM data directly to a file for further processing.
Cleanup: Free the allocated memory and close the opened file handles and codec contexts.

3.2 Music-Specific Features
Automated tuning algorithms
Find and Decode the Audio Stream: Locate the audio stream within the media file using av_find_best_stream(). Use avcodec_find_decoder() to find the appropriate decoder for the audio stream. Open the codec context with avcodec_open2(). Decode audio frames from the input file by reading packets with av_read_frame() and sending them to the decoder with avcodec_send_packet() and avcodec_receive_frame().
Process Audio Data: Extract the raw audio data from the decoded frames. Apply tuning algorithms to this data. This could involve various signal processing techniques such as filtering, equalization, or more advanced machine learning-based methods.
Resample and Encode: If tuning algorithms change the audio's sample rate, channel layout, or format, use libswresample to convert the audio data back to a format suitable for encoding or output. If encode the tuned audio, set up an encoder using avcodec_find_encoder(), configure and open the encoder context, and encode the processed frames.
Save or Output the Tuned Audio: Write the encoded packets to an output file using av_interleaved_write_frame(). Alternatively, save the processed PCM data directly to a file or use it in real-time applications.
Cleanup: Free the allocated memory and close the opened file handles, codec contexts, and other resources.

Lyric options
Parse the Audio/Video File: Use FFmpeg's APIs to open and decode the audio/video file. Extract timing information from the media, which can be synchronized with lyrics.
Load and Parse Lyric Data: Load lyric data from a file (e.g., LRC format). Parse the lyrics to extract timestamp and lyric text pairs.
Synchronize Lyrics with Media: Use the timing information from both the media and the lyric file to synchronize the lyrics with the audio/video playback.
Display Lyrics: Implement a method to display the current lyric line.
Control Lyric Options: Implement user controls for lyric options (e.g., enabling/disabling lyrics, changing font, color, position, etc.).

Music composition tools
Audio Processing: Process raw audio data for effects like EQ, compression, limiting, and other DSP (Digital Signal Processing) tasks.
MIDI Handling: FFmpeg doesn't directly support MIDI files. Use Octave Package – audio instead. Using FFmpeg to render MIDI files to audio formats if needed.
Audio Mixing and Mastering: Implement mixing functionality to combine multiple audio tracks. Apply mastering effects using FFmpeg's filters or custom DSP code.
User Interface: Design a user interface to allow users to interact with music composition tools. Incorporate features like timelines, track management, and real-time audio preview.
Sequencing and Automation: Implement MIDI sequencing and automation for controlling parameters over time. Use data structures like arrays or linked lists to store and manage MIDI events and automation curves.
Plugin Support: Develop a plugin system to allow third-party developers to create and share additional effects and instruments. Use FFmpeg's filtergraph system as inspiration for how plugins can be chained together.
File I/O: Use FFmpeg to import and export various audio formats (WAV, MP3, FLAC, etc.). Support for project files that can save the state of composition, including MIDI data, automation, and mixing settings.

Audio effect processing
Open and Decode Audio File: Use avformat_open_input() to open the audio file.
Retrieve stream information using avformat_find_stream_info(). Find the audio stream using av_find_best_stream(). Open a codec context for the audio stream using avcodec_open2(). Allocate an AVPacket for reading frames and an AVFrame for decoding audio data.
Set Up Filter Graph: Define the filter graph using a text-based filtergraph description. For example, to apply a high-pass filter, use the description "ahighpass=f=100". Use avfilter_graph_alloc() to allocate a filter graph. Parse the filtergraph description with avfilter_graph_parse2(). Configure the filter inputs and outputs using avfilter_link(). Initialize the filter graph with avfilter_graph_config().
Process Audio Data: Read frames from the audio file using av_read_frame(). Decode the audio frames using avcodec_send_packet() and avcodec_receive_frame(). Convert the decoded audio data to a format suitable for the filter graph using swr_convert(). Push the converted audio data through the filter graph using avfilter_send_frame() and retrieve the processed data with avfilter_receive_frame().
Apply Effects and Process Output: The filter graph will process the audio data according to the specified filters. Retrieve the processed audio frames from the filter graph's output. Encode the processed audio frames back to a file or stream if necessary.
Cleanup: Free the allocated resources, including the filter graph, codec context, AVPacket, and AVFrame. Close the audio file using avformat_close_input().

4 Video Processing Features
4.1 Basic Operations
Video cutting
Open Input File: Use avformat_open_input() to open the video file. Retrieve stream information using avformat_find_stream_info().
Find Video Stream: Identify the video stream using av_find_best_stream() with the AVMEDIA_TYPE_VIDEO flag.
Seek to Cut Start Point: Use av_seek_frame() to seek to the start time of the segment.
Decode and Save Frames: Allocate an AVPacket for reading frames. Use a loop to read frames using av_read_frame(). Decode frames using avcodec_send_packet() and avcodec_receive_frame(). Save the decoded frames to a temporary buffer or directly to an output file.
Close Input File: Free resources and close the input file using avformat_close_input().
Encode and Save Output: If save the cut segment to a new file, set up an encoder and muxer. Use avcodec_open2() to open the encoder. Use avformat_alloc_output_context2() to allocate an output context. Open the output file using avio_open(). Write the header using avformat_write_header(). Encode the frames and write them to the output file using avcodec_send_frame() and avcodec_receive_packet(). Write the trailer using av_write_trailer().
Cleanup: Free all allocated resources.

Video Merging
Decode Streams: Decode frames from each input file in parallel or sequentially, depending on demand.
Synchronize Streams: If the videos have different frame rates or timestamps, synchronize them. This can involve adjusting timestamps or dropping frames.
Encode Merged Stream: Set up an encoder and muxer for the output file. Write the header. Encode and write frames from the input streams in the desired order. Write the trailer.
Cleanup: Free resources for each input file and the output file.

Video frame processing
Open Input Video File: Use avformat_alloc_context() to allocate an AVFormatContext for the input file. Call avformat_open_input() to open the video file and populate the format context. Use avformat_find_stream_info() to retrieve stream information from the file.
Find Video Stream: Use av_find_best_stream() with AVMEDIA_TYPE_VIDEO to find the index of the video stream. Use avcodec_parameters_to_context() to get the codec context for the video stream.
Open Codec: Use avcodec_find_decoder() to find the decoder for the video codec. Call avcodec_open2() to open the codec and associate it with the codec context.
Read and Decode Frames: Allocate Packet: Use av_packet_alloc() to allocate an AVPacket for reading frames. Use a loop to repeatedly call av_read_frame() to read frames from the input file. Call avcodec_send_packet() to send the packet to the decoder. Call avcodec_receive_frame() to receive the decoded frame.
Process Frames: The decoded frame (AVFrame) contains the raw pixel data. Access this data using AVFrame->data and AVFrame->linesize. Apply any desired processing to the frame data (e.g., filtering, scaling, color conversion, etc.).
Encode Processed Frames: Set up an output context, encoder, and muxer. Use avio_open() to open the output file. Write the file header using avformat_write_header(). Convert the processed frames back to encoded packets using the encoder. Write the encoded packets to the output file using av_interleaved_write_frame(). Write the file trailer using av_write_trailer().
Cleanup: Free all allocated resources.

Video format conversion
Open Input Video File: Allocate an AVFormatContext for the input file using avformat_alloc_context(). Open the video file and populate the format context using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find Video Stream: Locate the video stream using av_find_best_stream() with AVMEDIA_TYPE_VIDEO. Get the codec context for the video stream using avcodec_parameters_to_context().
Open Codec: Find the decoder for the video codec using avcodec_find_decoder(). Open the codec and associate it with the codec context using avcodec_open2().
Prepare Output File: Allocate an AVFormatContext for the output file. Create an output format context using avformat_alloc_output_context2(). Open the output file using avio_open(). Write the file header using avformat_write_header().
Find Encoder: Find the encoder for the target format using avcodec_find_encoder(). Allocate a codec context for the encoder using avcodec_alloc_context3(). Copy properties from the input codec context to the output codec context as needed. Open the encoder using avcodec_open2().
Read and Decode Frames: Allocate an AVPacket for reading frames. Use a loop to repeatedly call av_read_frame() to read frames from the input file. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded frame using avcodec_receive_frame().
Process and Encode Frames: Convert the decoded frame to the format required by the encoder if necessary (e.g., using sws_scale() for pixel format conversion). Allocate an AVFrame for the encoded frame. Send the frame to the encoder using avcodec_send_frame(). Receive the encoded packet using avcodec_receive_packet().
Write Encoded Packets: Write the encoded packets to the output file using av_interleaved_write_frame().
Cleanup: Write the file trailer using av_write_trailer(). Close the output file using avio_close(). Free allocated resources (e.g., AVPacket, AVFrame, AVFormatContext, codec contexts).

Soundtrack extraction
Open Input Video File: Allocate an AVFormatContext for the input file. Open the video file using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find Audio Stream: Locate the audio stream using av_find_best_stream() with AVMEDIA_TYPE_AUDIO. Get the codec context for the audio stream using avcodec_parameters_to_context().
Open Audio Codec: Find the decoder for the audio codec using avcodec_find_decoder(). Open the codec and associate it with the codec context using avcodec_open2().
Prepare Output Audio File: Allocate an AVFormatContext for the output audio file. Set up the output format context for the desired audio format. Create an output file and open it for writing. Write the file header.
Read and Decode Audio Packets: Allocate an AVPacket for reading packets. Use a loop to repeatedly call av_read_frame() to read packets from the input file. Check if the packet belongs to the audio stream. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded audio frame using avcodec_receive_frame().
Process and Encode Audio Frames: Find the encoder for the target audio format using avcodec_find_encoder(). Allocate and set up a codec context for the encoder. Open the encoder using avcodec_open2(). Convert the decoded audio frame to the format required by the encoder if necessary (though often the decoded format matches the encoder's input). Allocate an AVPacket for the encoded audio data. Send the frame to the encoder using avcodec_send_frame(). Receive the encoded packet using avcodec_receive_packet().
Write Encoded Audio Packets: Write the encoded packets to the output audio file using av_interleaved_write_frame() or avio_write() depending on the setup.
Cleanup: Write the file trailer if needed.

4.2 Advanced Functions
Video frame spatial transform
Open Input Video File: Allocate an AVFormatContext for the input file. Open the video file using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find Video Stream: Locate the video stream using av_find_best_stream() with AVMEDIA_TYPE_VIDEO. Get the codec context for the video stream using avcodec_parameters_to_context().
Open Video Codec: Find the decoder for the video codec using avcodec_find_decoder(). Open the codec and associate it with the codec context using avcodec_open2().
Read Video Frames: Allocate an AVPacket for reading packets. Use a loop to repeatedly call av_read_frame() to read packets from the input file. Check if the packet belongs to the video stream. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded video frame using avcodec_receive_frame().
Apply Spatial Transform: For each decoded frame, apply the desired spatial transform. This could involve scaling, rotating, flipping, or more complex transformations like warping or affine transformations. FFmpeg provides some basic transformation capabilities via the sws_getContext() and sws_scale() functions for scaling, but for other transforms, use additional libraries or write custom code..
Prepare Output Video File: Allocate an AVFormatContext for the output video file. Set up the output format context for the desired container format (e.g., MP4, AVI). Create an output file and open it for writing. Write the file header.
Encode Transformed Frames: Find the encoder for the target video format using avcodec_find_encoder(). Allocate and set up a codec context for the encoder, specifying the desired resolution, bitrate, etc. Open the encoder using avcodec_open2(). Convert the transformed frame to the format required by the encoder if necessary. Allocate an AVPacket for the encoded video data. Send the frame to the encoder using avcodec_send_frame(). Receive the encoded packet using avcodec_receive_packet().
Write Encoded Video Packets: Write the encoded packets to the output video file using av_interleaved_write_frame().
Cleanup: Write the file trailer if needed. Close the output file. Free allocated resources such as AVPacket, AVFrame, AVFormatContext, and codec contexts.

Video substitution effects
Open Input Video Files: Allocate AVFormatContext for each input video file. Open the video files using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find Video Streams: Locate the video streams using av_find_best_stream() with AVMEDIA_TYPE_VIDEO. Get the codec contexts for the video streams using avcodec_parameters_to_context().
Open Video Codecs: Find the decoders for the video codecs using avcodec_find_decoder(). Open the codecs and associate them with the codec contexts using avcodec_open2().
Read and Decode Video Frames: Allocate AVPacket for reading packets. Use loops to repeatedly call av_read_frame() to read packets from the input files. Check if the packet belongs to a video stream. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded video frame using avcodec_receive_frame().
Prepare Substitution Area: Determine the area within the frame that will be substituted. This could be a rectangular region, a complex shape, etc. Use image processing techniques to identify the exact area for substitution.
Extract Substitution Content: Decode frames from the substitution source (another video or image). Extract the content that matches the determined substitution area.
Apply Substitution: For each frame from the main video, replace the determined area with the extracted content. This may involve copying pixel data directly or using more advanced blending techniques.
Prepare Output Video File: Allocate AVFormatContext for the output video file. Set up the output format context for the desired container format (e.g., MP4, AVI). Create an output file and open it for writing. Write the file header.
Encode Substituted Frames: Find the encoder for the target video format using avcodec_find_encoder(). Allocate and set up a codec context for the encoder, specifying the desired resolution, bitrate, etc. Open the encoder using avcodec_open2(). Convert the substituted frame to the format required by the encoder if necessary. Allocate AVPacket for the encoded video data. Send the frame to the encoder using avcodec_send_frame(). Receive the encoded packet using avcodec_receive_packet().
Write Encoded Video Packets: Write the encoded packets to the output video file using av_interleaved_write_frame().
Cleanup: Write the file trailer if needed. Close the output file. Free allocated resources such as AVPacket, AVFrame, AVFormatContext, and codec contexts.

Frame-by-frame analysis
Open the Video File: Allocate an AVFormatContext to hold information about the video file. Open the video file using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find the Video Stream: Locate the video stream using av_find_best_stream() with AVMEDIA_TYPE_VIDEO as the type. Get the codec context for the video stream using avcodec_parameters_to_context().
Open the Video Codec: Find the decoder for the video codec using avcodec_find_decoder(). Open the codec and associate it with the codec context using avcodec_open2().
Read and Decode Frames: Allocate AVPacket for reading packets from the video file. Allocate AVFrame for holding decoded video frames. Use a loop to repeatedly call av_read_frame() to read packets from the video file. Check if the packet belongs to the video stream. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded frame using avcodec_receive_frame().
Process Each Frame: For each decoded frame, perform desired analysis. This could involve extracting pixel data, applying image processing algorithms, detecting objects, etc. Store the results of analysis as needed. This could be in memory, a file, or another data structure.
Re-encode Frames: Set up an encoder and encode each frame. This involves finding the appropriate encoder, allocating and configuring a codec context, and using avcodec_send_frame() and avcodec_receive_packet() to send frames to the encoder and receive encoded packets.
Write Encoded Frames: Set up an output format context, open an output file, and write the encoded packets to the file using av_interleaved_write_frame().
Cleanup: Close the video file and free any allocated resources such as AVPacket, AVFrame, AVFormatContext, and codec contexts. Close the output file and free any resources associated with the output format context.

Video-to-image sequence conversion
Open the Video File: Allocate an AVFormatContext to hold information about the video file. Open the video file using avformat_open_input(). Retrieve stream information using avformat_find_stream_info().
Find the Video Stream: Locate the video stream within the AVFormatContext using av_find_best_stream() with AVMEDIA_TYPE_VIDEO as the media type. Retrieve the codec parameters for the video stream using av_stream_get_codecpar(video_stream_index). Convert the codec parameters to a codec context using avcodec_parameters_to_context().
Open the Video Codec: Find the decoder for the video codec using avcodec_find_decoder(). Open the codec and associate it with the codec context using avcodec_open2().
Allocate Frame and Packet Structures: Allocate an AVPacket structure to read packets from the video file. Allocate an AVFrame structure to hold the decoded video frames.
Read and Decode Frames: Use a loop to repeatedly call av_read_frame() to read packets from the video file. Check if the packet belongs to the video stream. Send the packet to the decoder using avcodec_send_packet(). Receive the decoded frame using avcodec_receive_frame().
Save Each Frame as an Image: For each decoded frame, use an image encoding function (such as av_image_alloc() to allocate memory for the image, and sws_scale() to convert the frame to the desired format if necessary). Save the frame to an image file using a library like libpng for PNG files or libjpeg for JPEG files, or use FFmpeg's own image muxers (though this is less common for frame-by-frame saving). Construct a filename for each frame, typically by appending a frame number or timestamp to a base filename.
Cleanup: Close the video file and free any allocated resources such as AVPacket, AVFrame, AVFormatContext, and codec context. Release any image-specific resources.

5 Analysis Utilities
5.1 Audio Analysis
Spectral analysis
Extract Audio Data Using FFmpeg: Open the Media File: Use FFmpeg functions to open the media file and locate the audio stream. Decode the Audio Stream: Read packets from the audio stream, decode them, and extract the raw PCM (Pulse Code Modulation) audio data. Store the PCM Data: Save the decoded PCM data into a buffer or array for further processing.
Perform Spectral Analysis: Performing the Fourier Transform on audio data with the appropriate parameters (e.g., the length of the FFT, which should be a power of 2). Feed the PCM audio data into the FFT function to obtain the frequency domain representation. Process the FFT output to extract useful information about the frequency components of the audio signal.
Visualize or Use the Spectral Data: Use GNU Octave plot(), plot3d() or other functions to visualize the frequency spectrum.
Extract Features: Extract features such as peaks, magnitudes, or phase information for further analysis or machine learning applications.

Waveform visualization
Extract Audio Data Using FFmpeg: Use FFmpeg functions to open the media file and locate the audio stream. Read packets from the audio stream, decode them, and extract the raw PCM audio data. Save the decoded PCM data into a buffer or array for further processing.
Process the PCM Data for Waveform Visualization: Convert the PCM data to a suitable range for visualization (e.g., 0-255 for grayscale or RGB values). Depending on the resolution and length of the audio, downsample or aggregate the data to make the waveform more manageable and visually pleasing.
Render the Waveform: Use GNU Octave plot(), plot3d() or other functions to visualize the Waveform. Use the PCM data to draw lines or polygons representing the amplitude of the audio signal over time.
Update and Display: Decode audio data in chunks, process it, and render it in a loop.
Cleanup: Free any memory or resources allocated for the audio data and graphics context. Close the FFmpeg media file handle.

5.2 Video Analysis
Motion detection
Decode Video Frames: Use avformat_open_input to open the video file and retrieve the format context. Find the Video Stream: Iterate through the streams in the format context to find the video stream. Use avformat_find_stream_info to retrieve additional information about the streams. Use avcodec_find_decoder to find the appropriate codec for the video stream, and then use avcodec_open2 to open it. Allocate AVFrame structures for storing the decoded video frames. Use a loop to read packets from the input file using av_read_frame, decode them using avcodec_send_packet and avcodec_receive_frame, and retrieve the decoded frames.
Process Video Frames for Motion Detection: Use sws_getContext and sws_scale to convert the decoded frames to a suitable format for processing (e.g., grayscale). There are various motion detection algorithms, such as:
Frame Difference: Compare consecutive frames and calculate the absolute difference between them. A high difference indicates motion.
Background Subtraction: Maintain a background model and subtract it from the current frame to detect foreground objects (motion).
Optical Flow: Estimate the motion between frames by tracking the movement of pixel intensities.
Thresholding: Apply a threshold to the motion detection results to distinguish between significant motion and noise.
Post-Processing and Output: Process the motion detection results to extract useful information, such as the location and magnitude of motion.
Generate Output: Generate output such as highlighting moving regions in the video, logging motion events, or triggering alerts.

Scene detection
Decode Video Frames: Open the video file using avformat_open_input. Retrieve the format context and find the video stream. Retrieve stream information using avformat_find_stream_info. Find and open the codec for the video stream using avcodec_find_decoder and avcodec_open2. Allocate AVFrame structures for storing decoded frames. Read packets from the video file using av_read_frame, and decode them using avcodec_send_packet and avcodec_receive_frame.
Process Frames for Scene Detection: Convert the decoded frames to a suitable format for processing (e.g., grayscale or a specific color space) using sws_getContext and sws_scale. Implement a scene detection algorithm. Common methods include:
Threshold on Frame Difference: Calculate the difference between consecutive frames and apply a threshold to detect significant changes.
Histogram Comparison: Compare the histograms of consecutive frames. Large differences in histogram values can indicate a scene change.
Edge Detection and Comparison: Use edge detection algorithms (e.g., Canny edge detector) and compare the edges between frames.
Determine Scene Boundaries: Based on the results of scene detection algorithm, determine where scene boundaries occur in the video. Applying additional smoothing or filtering to the detection results to reduce false positives. Using temporal windows to consider a sequence of frames rather than just individual frame comparisons.
Post-Processing and Output: Generate output based on the detected scene boundaries. This could include:
Logging the scene change times.
Extracting individual scenes into separate video files.
Highlighting scene boundaries in the original video.

Quality metrics
Decode Video Frames: Use avformat_open_input to open the video file and retrieve its format context. Iterate through the streams to locate the video stream. Use avformat_find_stream_info to gather additional information about the streams. Use avcodec_find_decoder to find the appropriate codec for the video stream, and then open it with avcodec_open2. Allocate AVFrame structures to store the decoded video frames. Use a loop to read packets from the input file with av_read_frame, decode them using avcodec_send_packet and avcodec_receive_frame, and retrieve the decoded frames.
Convert Frames for Quality Metrics Calculation: Depending on the quality metric, convert the frames to a specific format, such as grayscale or YUV. Use sws_getContext and sws_scale for resizing and format conversion. Depending on the metric, extract pixel values, color histograms, or other relevant information from the frames.
Calculate Quality Metrics: Decide which quality metric, such as PSNR (Peak Signal-to-Noise Ratio), SSIM (Structural Similarity Index), or VMAF (Video Multimethod Assessment Fusion). Write the code to calculate the chosen quality metric based on the extracted frame information. This may involve comparing frames (e.g., original vs. compressed) or analyzing frame statistics.
Aggregate and Output Results: Aggregate the quality metrics to get an overall score or average. Print the quality metrics to the console, log them to a file, or use them for further processing.

Video frame analysis
Decode Video Frames: Use avformat_open_input to open the video file and retrieve its format context. Iterate through the streams to locate the video stream. Use avformat_find_stream_info to gather additional information about the streams. Use avcodec_find_decoder to find the codec for the video stream and open it with avcodec_open2. Allocate AVFrame structures to store the decoded video frames. Use a loop to read packets from the input file with av_read_frame, decode them using avcodec_send_packet and avcodec_receive_frame, and process the decoded frames.
Process Decoded Frames: Convert the frames to a different format or color space. For example, convert them to grayscale or YUV using sws_getContext and sws_scale. Extract the pixel data or other relevant information from the decoded frames. This could involve accessing the frame's data and linesize fields. Apply analysis algorithms to the extracted frame data. This could include object detection, motion analysis, color histogram calculation, or any other custom analysis.
Aggregate and Output Results: Aggregate the results of analysis to get an overall understanding or trend. Print the analysis results to the console, log them to a file, or use them for further processing in application.

5.3 Acoustic Research Utilities
Acoustic feature extraction
Decode Audio Data: Use avformat_open_input to open the audio file and retrieve the format context. Iterate through the streams in the format context to find the audio stream. Use avformat_find_stream_info to retrieve additional information about the streams. Use avcodec_find_decoder to find the appropriate codec for the audio stream, and then use avcodec_open2 to open it. Use a loop to read packets from the input file using av_read_frame, decode them using avcodec_send_packet and avcodec_receive_frame, and retrieve the raw PCM data from the decoded frames.
Process PCM Data for Feature Extraction: Extract PCM Samples: From the decoded frames, extract the PCM samples (typically in the form of a float or int array). Apply a window function (e.g., Hann window) to the PCM samples and perform a Fast Fourier Transform (FFT) to convert the time-domain signal to the frequency domain. FFmpeg does not provide an FFT implementation, use a separate library like FFTW. Based on the FFT results, compute the desired acoustic features. Common features include:
Spectral Centroid: Measures the "brightness" or center of mass of the spectrum.
Spectral Roll-off: The frequency below which a specified percentage of the total spectral magnitude is found.
Zero-Crossing Rate: The rate at which the signal changes from positive to negative or vice versa.
MFCCs (Mel-Frequency Cepstral Coefficients): A representation of the power spectrum of a sound, based on a linear cosine transform of a log power spectrum on a nonlinear Mel scale.
Store or Use Features: Store Features: Save the extracted features to a file or database for further analysis. If required, process the features in real-time for applications like speech recognition or music information retrieval.
Cleanup: Free any memory allocated for PCM data, decoded frames, and other temporary structures. Close the input file and codec to release resources.

Acoustic analysis
Decode Audio Data: Use FFmpeg’s API to open an audio file, read its headers, and decode the audio frames. Store the decoded PCM (Pulse Code Modulation) data in a buffer for further processing.
Process PCM Data: Once have the PCM data, use various signal processing techniques to perform acoustic analysis.
Implement Acoustic Analysis Algorithms: Based on requirements, implement algorithms for features like pitch detection, noise reduction, echo cancellation, etc.
Signal quality assessment
Decode Multimedia Data: Use FFmpeg to decode the audio or video stream from the input file. Extract raw PCM data for audio or raw pixel data for video.
Analyze Signal Quality: Implement or integrate libraries for computing quality metrics like PSNR (Peak Signal-to-Noise Ratio), SSIM (Structural Similarity Index), or custom metrics. For audio, look at metrics like SNR (Signal-to-Noise Ratio), distortion measures, or spectral flatness.
Compute Metrics: Process the decoded data to compute the chosen quality metrics. This may involve frame-by-frame processing for video or segment-by-segment processing for audio.
Output Results: Display or log the computed quality metrics.

6 Metadata Processing
Extraction and modification of media metadata
Open the Media File: Use avformat_open_input to open the media file. Use avformat_find_stream_info to retrieve stream information.
Extract Metadata: Access the metadata dictionary using av_dict_get on the AVFormatContext or individual AVStream objects. Iterate through the metadata entries and print or store them as needed.
Modify Metadata: To set new metadata, use av_dict_set on the AVFormatContext or AVStream. Ensure the metadata is written back to the file using av_write_trailer after all modifications are done.
Save Changes: If modifying an existing file, open it in output mode and mux the streams back with the updated metadata. Alternatively, for some simple metadata changes, directly overwrite the input file if it supports in-place editing (not all formats do).

Side data management
Understand Side Data Structure: Side data in FFmpeg is represented by the AVPacketSideData struct. Each packet can have multiple side data elements. Each side data element contains a type (identifying the kind of side data), a size, and a pointer to the data.
Access Side Data: When processing packets (e.g., during decoding), check for side data using av_packet_get_side_data. Retrieve side data based on its type.
Add Side Data: To add side data to a packet, use av_packet_add_side_data. This function takes the packet, the type of side data, the size of the data, and a pointer to the data.
Modify Side Data: Modifying side data typically involves retrieving it, making changes to the data it points to, and possibly updating the size if the data has changed. Note that directly modifying the side data pointer within the packet might not always be safe, as the packet's internal memory management could overwrite changes. Instead, it's safer to create a new side data element and replace the old one.
Handle Memory Management: Be cautious with memory management when dealing with side data. Ensure that the data associate with side data is valid and will not be freed prematurely. Free allocate memory for side data.
Process Packets with Side Data: Check for and process any side data that is present. This might involve interpreting the side data according to its type and taking appropriate actions based on the information provided.

Audio track management
Open the Media File: Use avformat_open_input to open the input media file. Use avformat_find_stream_info to retrieve stream information, including audio streams.
Find Audio Streams: Iterate through the streams in the AVFormatContext using av_dump_format or by directly accessing formatContext->streams. Check the codec type of each stream using stream->codecpar->codec_type and ensure it is AVMEDIA_TYPE_AUDIO for audio streams.
Decode Audio Data: For each audio stream, find and open the corresponding codec using avcodec_find_decoder. Allocate and initialize an AVCodecContext using avcodec_parameters_to_context. Open the codec for decoding using avcodec_open2. Read packets from the input file using av_read_frame and send them to the decoder using avcodec_send_packet. Receive decoded frames from the decoder using avcodec_receive_frame.
Process Audio Frames: Process them as needed (e.g., play them, save them to a file, analyze them). Note that audio frames may need to be resampled or converted to a different format.
Mux or Demux Audio Tracks: Use the muxing API in FFmpeg. Create an AVFormatContext for the output file and allocate streams for each audio track. Use avcodec_copy_context to copy codec context settings from the decoded streams to the muxed streams. Write packets to the output file using av_interleaved_write_frame. For demuxing, simply read packets and route them to the appropriate audio stream handler based on their stream index.
Cleanup: Close all opened codecs, formats, and files using avcodec_close, avformat_close_input, and file-specific close functions. Free any allocated memory.

Video container management
Open the Container File: Use avformat_open_input to open the input container file. This function returns an AVFormatContext that represents the file and its streams. Use avformat_find_stream_info to retrieve stream information from the container.
Retrieve Stream Information: Iterate through the streams in the AVFormatContext using av_dump_format or by directly accessing formatContext->streams. Check the codec type and other properties of each stream to identify video streams (AVMEDIA_TYPE_VIDEO).
Decode Video Streams: For each video stream, find the corresponding codec using avcodec_find_decoder. Allocate and initialize an AVCodecContext for the video stream. Open the codec for decoding using avcodec_open2. Read packets from the container using av_read_frame and send them to the decoder using avcodec_send_packet. Receive decoded frames from the decoder using avcodec_receive_frame.
Process Video Frames: Process them as needed (e.g., display them, save them to a file, analyze them). Note that video frames may require additional processing, such as color space conversion or scaling.
Mux Video Streams: Mux (combine) video streams into a new container, use the muxing API in FFmpeg. Create an AVFormatContext for the output container. Allocate streams for each video track. Use avcodec_copy_context to copy codec context settings from the decoded streams to the muxed streams. Write packets to the output container using av_interleaved_write_frame.
Close the Container File:
After muxing or processing is complete, flush any remaining packets using av_write_trailer. Close the output container using avformat_close_input. Free any allocated resources.

Tag management
Open the Media File: Use avformat_open_input to open the media file (video, audio, etc.) that contains the tags. Retrieve stream information using avformat_find_stream_info.
Retrieve and Modify Tags: Access the metadata associated with the file through the AVFormatContext returned by avformat_open_input. The metadata is stored in an AVDictionary using formatContext->metadata. Use av_dict_get to retrieve specific tags by their key. Use av_dict_set to modify or add tags. For example, to set the title tag, use av_dict_set(&formatContext->metadata, "title", "New Title", 0).
Save Changes: After modifying the tags, write the changes back to the file. If the file format supports editing metadata in-place, use av_write_trailer after making changes (though this is not always supported). More commonly, mux the streams into a new file with the updated metadata. This involves creating a new AVFormatContext for the output file, copying the streams, setting the new metadata, and writing the streams to the output file using av_interleaved_write_frame.
Close the Media File: Close the media file using avformat_close_input. Free any allocated resources.

7 Conclusion
The octave_ffmpeg_free package represents a valuable tool for multimedia processing within the GNU Octave environment. Its comprehensive feature set and open-source nature make it an essential resource for both academic research and creative applications.
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