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Introduction
The capture system of a mobile phone is mainly composed of two components - microphone (sound pressure in environment to analog signal in circuit) and an analog-to-digital converter (ADC) (analog signal to digital signal).
This proposal start form the microphone can be used in UE. 
Component
[bookmark: OLE_LINK2]Microphone
[bookmark: OLE_LINK7]The function of microphone is to convert sound pressure signal to analog electrical signal in circuit.
4 types of microphones popular in the market are described in this proposal. These microphones have unique advantages in UE's immersive audio. They are classified to dynamic microphone, condenser microphone, Micro-Electro-Mechanical Systems (MEMS), contact microphone. 
[bookmark: OLE_LINK1]Dynamic microphone
Dynamic microphone is one of the popular microphones on market. The most advantage of dynamic microphone for UE is it doesn’t need for external power; the entire recording system will be easier. Another advantage is durability, make it more suitable for loud and high-pressure situation. But it usually has a disadvantage that it is less sensitive to high frequencies.
[bookmark: OLE_LINK3]Dynamic microphone uses a small movable induction coil, which positioned in the magnetic field and is attached to the diaphragm. The current signal generates when the movement of the diaphragm causes the coil to also move within a magnetic field.
Condenser microphone
[bookmark: OLE_LINK4]Condenser microphone is another popular microphone on market, especially for immersive audio. Most immersive system is using condenser microphones, like ambisonic microphone and external stereo microphone for mobile phone. It’s popular for its high sensitivity, wide frequency response, low noise. However, the condenser microphone requires a power source, and in the case of most professional condenser microphones, it specifically requires 48V phantom power. Meeting this requirement can be challenging for UE device consider the channel number of immersive audio.
Condenser microphone uses capacitor to convert sound waves to electrical signal.  The capacitor consists of two plates, one of them is a diaphragm that vibrates in response to sound waves. The diaphragm vibrates and changes the distance between the two plates. Then the capacitance changes which influences the electrical signal.


Micro-Electro-Mechanical Systems microphone
In the past decades, microphone for UE has change from carbon microphones to electret condenser microphones. Recently the MEMS microphone is spread rapidly, benefited from its advantages of high stability and small volumes.
According to the techniques of microfabrication, the MEMS microphone is much smaller and allow integrate other components including preamps, ADC with transducer in one package under the control of integrated microelectronics. 
Which means for manufacturers, it much easier to build the capture system, MEMS microphone can output the digital signal directly. In other hand, it allows need to select the component more carefully. Since the microphone is much smaller and very uniform in their mechanical properties, it's suitable for UE and make immersive audio become possible for economic portable UE like mobile phone.
Contact microphone
Contact microphone is a type of microphone that senses solid vibrations through direct contact with a surface.
Compared to the acoustic microphones, the contact microphones have the benefit of not to capture sound waves in the air, but to capture mechanical vibrations of the target object. Hence, it’s resistant to noise in air. 
Nowadays, bone conduction microphone, which is a special kind of contact microphone, is very popular on TWS headphones. It is used to capture high SNR speech signal even in complex scenarios.
Other microphones
TBD

Summary
From a size perspective, the MEMS microphones are the best choice for most portable UE (like mobile phone, headphone). The study will mainly focus on this miniature microphone consider the immersive audio system is much more complex.
Other microphones will also be considered, like the dynamic microphone and condenser microphone still dominate the professional audio industry.

Preamps
TBD
ADC
TBD
Clock
TBD
Directivity
Directivity is a very important part in immersive audio, every immersive audio format has requirement on directivity. Even for objective audio, we also need take care of the directivity to avoid the influence of environment noise.


Traditional approaches used in immersive audio:
Directional microphone capsule
Most directional microphone is using two closely diaphragms that electrically subtracted from each other to provide a range of polar patterns. 

Interference tube
Interference tube is usually used on shotgun microphones. Make it the more directional than a typical cardioid or supercardioid microphone.
Interference tube is a long, narrow extended tube that is placed in front of the microphone capsule and has multiple small holes along its length. It creates phase shfit for sounds arriving from off-axis directions, the off-axis sound will arrive at the diaphragm with varying phase relationships and so partially cancel one another out.
[image: ]
Figure 1 The schematic diagram of interference tube

[bookmark: OLE_LINK6]Binaural acoustic stimulation
TBD

Beamforming microphone array 
Research on microphone array beamforming began in the late 1960s, although some basic principles can be traced back to the 1930s when directional microphones were invented. Early work in this field was strongly influenced by sensor array theory developed in the radar and sonar fields.
Beamforming is a very popular technology to achieve target directivity, though it’s mostly used for mono speech now, it is great potential in immersive audio. There are also many studies in this area.
This proposal starts with two fundamental technologies: Delay-sum and differential. And aim for the suitable solution for immersive audio on UE.
[bookmark: OLE_LINK5]Delay-sum microphone array
[image: ]

The basic idea of this technology is to delay the output of each microphone by an appropriate amount of time. The phase relationship between the microphones is carefully controlled to ensure that the signal form desired direction   have the same phase so that they can be reinforced. 
Though the delay-sum microphone array can obtain a very sharp directionality. However, the biggest problem with this beamformer is that its beam pattern changes significantly with frequency.
Differential microphone array
[image: ]
In Differential Microphone Array (DMA), the signals from two or more microphones are subtracted from each other to create a special directivity. The traditional directional microphone can also be seen as a special kind of differential beamforming.
By adjusting the weight and phase of the differential signal, we can all get different directivity like: cardioid, bidirectional (Figure-8), supercardioid, hypercardioid, subcardioid (wide cardioid).
Due to the smaller spacing between microphones, the size of array is usually smaller, making it easy to integrate into UE such as earphones, mobile phones, etc. Another characteristic of DMA is that its directivity is frequency-invariant; therefore, they are suitable for processing broadband speech and audio signals.
Conclusion
The clause 2 and clause 3 are proposed to be agreed and set as a basis for further work
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