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Definitions: Analogue, Cognitive and Digital Audio PMSE 
Analogue
Most current audio PMSE products are based on analogue modulation, e.g. FM modulation. An analogue transmission chain involves the convertion of the acoustic signal into an electric signal which directly drives the radiofrequency signal transmitted over the air. At the receiver end, the received radiofrequency signal is directly converted to an electric signal which is then assumed to be representative of the input audio signal. Such analogue transmission chain introduces minimum latency for the end-to-end transmission of the signal. However, as the signal is not encoded, any radiofrequency interference or loss of the radiofrequency signal directly degrades the transmitted audio signal. In such a case, no interference is acceptable.


Digital
Digital transmission chains are used in many applications, including PMSE video links. In a digital transmission chain, the acoustic signal is converted into an electric signal which is then transformed through an analogue to digital convertion. Typically, the digital convertion and subsequent source encoding will be selected to obtain the desired trade-off between the transmitted signal quality and the amount of information to be transmitted. Once the signal has been digitised, it can be transmitted as any digital information through a transmission chain that potentially includes channel/forward error coding, mapping of the channel encoded information to a modulation scheme, digital to analogue convertion of the modulated signal, transmission of the radio-frequency signal, analogue to digital convertion of the received signal followed by demodulation and finally decoding of the channel/forward error correcting code.
Such a digital transmission chain may or may not involve a retransmission mechanism in case the packet is not error free at reception.

Cognitive
Cognitive wireless microphones are systems that adopt a digital control link, beside an analogue audio link, in order to achieve features such as, e.g.:
· Interference management,
· Channel selection,
· Power control.	
In a cognitive PMSE system, the audio channel is carried over the analogue audio channel. The digital control channel would, ideally, allow additional features without creating noticeable disruption of the audio channel.
Current state of play
0.1.1 [bookmark: _Toc318901074]Currently available wireless microphones technologies
The vast majority of wireless systems deployed and available in the market are analogue. Frequency modulation has proven to be a very suitable modulation scheme for this application as it allows transmission with minimal latency and is readily implemented. Other desirable characteristics include the fact that FM is a constant envelope modulation scheme and that analogue systems tend to die gracefully in the presence of interference.

In the previous report, there was uncertainty as to the impact of digital technologies on spectrum requirements. While digital microphones are already on the market, they tend to introduce latency which is incompatible with some usages, specifically live performances including In Ear Monitoring. While full digital wireless microphones are not the current prefered direction for the industry, hybrid schemes such as cognitive PMSE are being investigating and can significantly increase the overall spectrum efficiency.


0.1.2 Spectrum efficiency and intermodulation
Spectrum efficiency of PMSE
For audio PMSE, the spectrum efficiency can be described as the number of audio channels that can be supported in parallel in a a given bandwidth or 8 MHz channel. When carrying this analysis, a number of other parameters should be taken into account in order to conduct fair analysis, such as the quality of the audio signal transmitted and the technology requirements in terms of interference and operational range.
Intermodulation
The spectrum efficiency of analogue audio PMSE is not limited so much by the spectrum efficiency of a single link, but on the contrary by the restriction on the operation of multiple links on a given bandwidth due to the phenomenon called intermodulation. Intermodulation is a physical phenomenon that occurs when multiple transmitters work simultaneously in close vicinity. It corresponds to the situation where one transmitters reamplify the signal that it picked up from another transmitter, either at the same frequency or shifted in frequency. Intermodulation can occur anywhere in the radio system: 
· in the transmitter,
· in the receiver,
· in ancillary RF equipment or in the environment. 
The term reverse intermodulation describes the situation that occurs when RF enters the output of an RF amplifier such as the output stage of a transmitter where other signals are received via the transmitting antenna.
The number of intermodulation products present rises exponentially as the number of carriers’ increases. Consequently the number of clean frequencies available within a given bandwidth declines rapidly as the number of carriers increases. 
Intermodulation mitigation techniques
Intermodulation mitigation can be achieved by a number of techniques:
Frequency planning, in order to avoid intermodulation products to create interference on useful signal,
Integration of output filters and/or ferrite isolators,
Control of microphones transmitted power, 
Adoption of transmission technologies that support operation in higher interference environement.
Analogue systems support the first two mitigation techniques. Cognitive systems support the first three mitigation techniques. Digital systems support all four mitigation techniques.   
0.1.3 Latency requirements
For live performance involving In Ear Monitoring, it is critical to achieve extremely low latency as the performer h ears its own performance. The overall ‘latency budget’ of the full feedback loop has to be split between the microphone link, the processing and the feedback link (IEM). A significant portion of the latency budget is being consumed by the processing section, as production have moved to digital mixing deck. As a result, the remaining latency available for the wireless links is minimal.
[bookmark: _Toc318901108]Performance comparison of digital vs. analogue radio microphones
0.1.4 [bookmark: _Toc318901107]Digital radio microphones motivation
One source of interest for digital radio microphones is simply the desire to replace the wire connecting a high quality microphone to the audio system or the recorder. The wireless link must provide as a minimum the audio quality of the wire it is replacing which uses AES42 as its standard. The driving force behind digitization of radio microphones is the digitization of the whole audio chain in SAP/SAB activities. Digital transmission guarantees no degradation of the quality of the acoustic signal from the source encoding point onwards. For example, acoustic mixing deck are increasingly digital, precisely in order to obtain the guaranteed audio quality as early as possible in the production chain.
0.1.5 Benefit of digital radio microphones: possibility to adapt the characteristics to application requirements
Digital transmission chains provide significant latitude to select the appropriate audio signal quality, but also provides full freedom to select appropriate trade-offs between the following system characteristics:
Transmitted acoustic signal quality,
Robustness to interference and channel fading,
Required received signal strength,
Required transmitted RF power,
Spectrum efficiency.
It should be stressed that by trade-offs, it is understood that digital transmission does not allow to improve all of these characteristics at the same time, but on the contrary to adapt the transmission characteristic to a specific application by sacrificing some factors in order to improve others.

A very simple example is provided thereafter: systems can be made robust to interference through sacrifices on the achievable audio quality.

0.1.6 Technology limitations of digital radio microphones

Generally speaking, a digital transmission chain introduces latency compared to an analogue transmission chain. Latency may restrict the applicability of digital transmission chain for the most latency demanding audio PMSE application, most noticeably the live performance involving In Ear Montoring. 
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